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PREFACE

For many years the Telemetry Group of the Range Commanders Council has
recognized the continuing need for the development of practical telemetry
applications guidelines. Guidelines oriented specifically to meet the demanding
challenges facing telemetry systems planners, designers, and operators in their efforts
to identify important systems parameters, solve system problems, and establish
effective preventive maintenance procedures for the purpose of improving overall
telemetry system performance. Recognizing that these needs must be met, the
Telemetry Group of the Range Commanders Council initiated the development of
this Telemetry Applications Handbook.

The demands placed upon systems planners, designers, and operators have changed
significantly in recent years due to the increasingly complex requirements to monitor
the activities of rapidly advancing space, air, ground, and ocean vehicles.
State-of-the-art developments in the field of electronics have provided the means
through which systems have kept pace with technological changes. Although many
texts have been prepared and published in the field of telemetry, none are directly
oriented toward practical application. Supportive practical information which
provides the necessary operational tools has not kept pace with the demands placed
upon telemetry systems personnel. Therefore, the major goal of the Telemetry
Applications Handbook is to provide a practical application baseline that will have
the effect of improving overall telemetry system performance. The guidelines
provided will become the tools for telemetry systems personnel to achieve the
"intended goals of improved performance and compatibility.

Since the handbook is of significant importance to the personnel involved with the
design, operation, and maintenance of telemetry systems, a great deal of concern is

¶ given to format, content, and level of text information. The final document is the
"result of Telemetry Group Committee reviews, inputs received through a telemetry
oriented questionnaire/survey, and extensive laboratory testing. Text material follows
system signal progression, that is, from source signal through the system to recovery
of the source signal. In general, the handbook includes information on signal and
noise considerations. transmission requirements, and reception requirements. Each of
these general categories is further expanded by related illustrations such as systems
block diagrams, graphs, photos, etc.
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1.0 INTRODUCTION

1.1 TELEMETRY APPLICATIONS HANDBOOK

The Telemetry Applications Handbook is a handbook of practical application
guidelines whose purpose is to provide information which will lead to improvement
in overall telemetry system performance and compatibility. The text has been
prepared under the direction of the Telemetry Group of the Range Commanders
Council (TG-RCC) to fill the gap between telemetry theory and application. The
entire text is designed for use by telemetry system planners, designers, and operators.
The handbook is published as a companion to the TG-RCC documents 106
(Telemetry Standards) and 118 (Test Methods for Telemetry Systems and Subsystems).

The information in the handbook is presented in the order of signal flow through a
telemetry system. That is, the discussions begin at the origin of the source signals
and proceed through the system to the receiving subsystem output, where the source
signals are recovered. The text of the handbook is divided into the following major
sections: Telemetry Signals and Noise, Telemetry Transmitting System
Characterization, and Telemetry Receiving System Characterization. The discussions
in each of these sections provide information on system design, problem prevention,
problem recognition (existing and potential), problem isolation techniques,
determination of the origin of problems, and approaches to be used in finding
solutions to problems. Guidance is provided to assist in identifying important
systems characteristics and to establish effective preventive maintenance procedures.
Support to each of the topics discussed is provided through the liberal use of signal
and system illustrations, graphs, photographs, etc.

The Telemetry Signals and Noise section includes discussions on data quality,
baseband and radio frequency (RF) spectrums, and bandwidth requirements for the
transmission and reception of source signals. The most desirable conditions exist
when the source signals are processed through the telemetry system with little or no
degradation. However, in practice this is seldom achieved, as many factors in the
telemetry link may cause changes in the source signals, resulting in reduced data
quality. A few of the major factors contributing to degradation of data quality
include: noise, excessive filtering, improper deviation, system nonlinearities, and
improper choice of modulation format or code. Careful attention to telemetry
system design is the most effective means for minimizing degradation of source
signal quality.

The discussion of baseband and RF signals is concerned with the design
considerations that must be given to these signals within the telemetry system.
Baseband refers to the band of frequencies occupied by the information signals
before they are used to modulate the RF carrier. The usual distinction made
between the baseband and RF signal frequencies is that the baseband signals range
over significantly lower frequencies than the RF signals. The detailed discussions
include considerations of the effects introduced by deviation of the carrier signals;
effects due to filtering of the conditioned information signals, and bandwidths
required to correctly process these signals.

1.1 - 1



Bandwidth requirements are a major concern in maintaining the quality of the
telemetry data. The information presented includes discussions of the effects of over
and under use of system bandwidths and also presents considerations involved in
selection of system bandwidths for the optimum transmission and reception of
telemetry data and tradeoffs which can be made.

The subsection on Link Analysis presents discussions on a number of diverse topics
including antenna properties, propagation loss, channel effects, noise figure, signal
diversity characteristics, and relay systems. It is obvious that this list of topics
includes controllable and noncontrollable performance characteristics. Controllable
system characteristics, including those of the transmitting and receiving antennas and
relay systems, are discussed in terms of performance requirements needed to optimize
the transmission and reception of data, Noncontrollable items are discussed in terms
of the effects they may produce in the received data. Relay systems are included
here because the placement of such a system is of necessity between the transmission
and reception antennas.

"� LUp to this point in the discussions the material presented has been concerned with
signal quality, quantity, and through necessity, some methodology. The next section

, is concerned with the characterization of telemetry transmitting systems. Emphasis is
placed on the selection of those parameters necessary to assemble a telemetry system.
through the transmitting subsystem. After discussing the signal and bandwidth
requirements, it is essential to consider what is required in interfacing signals with
the conditioning and transmitting portions of the system. The discussion focuses on
the requirements placed upon system elements including transducers, signal
conditioning, signal sampling and digitizing, data multiplexing, data formatting and
"coding, premodulation filtering, RF modulation, and antennas, and the appropriate
methods of interfacing signals and systems. The information presented starts at the
origin of the measured quantity and carries on through the antenna of the
transmitting system.

The section on Telemetry Receiving System Characterization begins with the signal at
the receiving antenna, follows through the entire receiving process and ends prior to
data display. System front-end characteristic discussions include the gain and
beamwidth of the receiving antenna, and the noise figure, gain, and linearity
characteristics of the preamplifiers and multicouplers. Continuing on through the
system, information is provided with respect to bandwidth requirements, recording
methods such as post-detection and pre-detection, the measurement of system signal
quality using bit error rate (BER) and noise power ratio (NPR) testing techniques.
After having processed the received signal through the entire receiving system with
minimum signal degradation, consideration must be given to the type of processed
signal analysis and/or storage media to be used. In real-time data processing signals
are displayed for immediate observation and analysis; in post flight (non--real-time)
processing the signal of interest is stored and reviewed at a later time. The process

V'• of storing and recovering the stored data has been and is a subject of major concern
to range operations.

1.1

'"'. 1.1 - 2

O,..



-. Typically, range data is stored on magnetic tape and is, therefore, recorded and
reproduced using a magnetic tape recorder/reproducer. The emphasis of these
discussions is on the characteristics of the recorder/reproducer system, its
maintenance and operation. Subjects discussed will also include recording modes,
system speed controls, system adjustments, performance tests to determine quality of
operation, methods for assuring optimum crossplay, and important magnetic tape
characteristics.

Important consideration must be given to recovery of the original signal, whether or
not the output of the receiver system is processed in real- or post-flight time. The
remainder of the discussion in this section will therefore, relate the methods and
characteristics of demodulation and synchronization used in the recovery of the
source signals.
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1.2 TELEMETRY SYSTEMS

The field of telemetry has developed from the need to transmit information from
one location to another; due primarily to inaccessibility of the source to be

monitored directly. Its principle objective is to accurately transmit information
between distant or remote locations.

The following discussion is intended to provide a broad overview of telemetry
systems and will include information on telemetry system structure. The main
emphasis is placed upon the system functions and the design decisions to be made
by the telemetry engineer/technician.

The reference point for these discussions is the definition of a telemetry system. A
telemetry system (telemetering system) is an electrical/electronic system for measuring
a source quantity, transmitting the measured source quantity to a distant and/or
remote receiving station, and there, indicating or recording the measured source
signal. Data analysis is considered a separate topic and therefore is not included as
part of the Telemetry Handbook.

In general, a telemetry (telemetering) system can be divided into two major
4 functional subsystems (see figures 1.2-1 and 1.2-2). The transmitting subsystem

includes: a source section (transducers), a source-signal processing (including signal
conditioning and multiplexing) section, and a transmitting section. The receiving
subsystem includes: receiving antenna(s), preamplifier(s), receiver(s), magnetic
recorder(s), demodulator(s), data synchronizer(s), and data processor(s) and display(s).
Since each of these major components can significantly affect the quality of the
information to be recovered at the receiving subsystem output, it is very important
that the functions and signal characteristics of each component be clearly defined.
It is extremely advantageous to have an understanding of the more important
performance characteristics required of each component to assure that the quality of
the information is not degraded as it is processed through the various stages of the
entire telemetry system. Brief descriptions of the functional role of each
component are provided in the following discussion; but performance characteristics
will be discussed in detail only in the main body of the Telemetry Handbook.

The source information originates as a signal which is to be measured or monitored.
This signal may be of any form, such as electrical, mechanical, thermal, acoustical,
etc. Since the telemetry system is designed to process electrical signals, it is
necessary to transform non-electrical signals through the use of a transformation or
conversion device known as a transducer. A transducer is defined to be "a device
by means of which energy may flow from one or more transmission systems to one
or more other transmission systems." That is, the non-electrical energy of, say, a
vibration on a metallic surface is converted through the use of a
mechanical-to-electrical transducer whose output electrical signal becomes the input

A to the signal conditioning subsystem. Very simply stated, a transducer is an energy
form converter. Since the design and application of transducers is beyond the scope
of this discussion, it is sufficient to state that the input signal is derived from a
transducer tO-at is incorporated to transform the signal to be monitored into an
"electrical signal. The output signal of the transducer, although electrical in nature,
may exhibit a wide range of signal characteristics in amplitude, frequency, and/or
phase. These signals must be properly interfaced to the subsequent sections of the
telemetry system. Interface conditioning (signal conditioning) of these signals is
normally done in the signal processing section of the telemetering system.

1.2 - 14
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Signal conditioning in the broad sense implies a wide range of conditioning
techniques from relatively simple to extremely complex, depending on the particular
telemetry system requirement and application. The principal objective of signal
conditioning is to provide control of signal characteristics (amplitude, offset, and
frequency) for correct interface and compatibility with follow-on circuitry and assure

% •to the greatest extent possible that the integrity and quality of the source signal will
be maintained through the transmission and reception process. The most general
type of signal conditioning involves the conversion of signal amplitude (gain and
offset), frequency, and phase to signals which wvill interface with follow-on circuitry
in the telemetry system. This conversion may be as simple as providing a resistive
voltage divider network to establish the signal offset, amplitude, and impedance
match to subsequent stages in the circuitry of the system. Most signal conditioners
consist of resistors, capacitors and operational amplifiers. However, more complex
conditioning techniques are sometimes needed for special applications. Signal
conditioning techniques employed to meet these more complex applications include:
special filtering techniques to limit the spectral components in the signals to be
processed; phase, frequency, or amplitude detection; digital-to-analog conversion;
nonlinear processing; etc.

The discussion up to this point implies that a telemetry system is used to transmit
only a single signal. This is far from reality. A practical telemetry system must
often transmit many different signals through a single channel or RF link. To
accomplish this task, signal multiplexing is incorporated in the signal processing
section of the telemetry system. Generally, signal multiplexing takes one of two
forms; frequency-division multiplexing (FDM) or time-division multiplexing (TDM).
In frequency-division multiplexing, two or more source signals are transmitted over
a single channel by dividing the available baseband frequency space into several
non-overlapping channels. The source signals are used to frequency modulate
subcarrier oscillators (SCOs) whose output frequencies are contained within the
baseband channel. The terms subcarrier oscillator and voltage controlled oscillator
(VCO) are sometimes used interchangeably. The signals are recovered through the
use of frequency discriminators. Time-division multiplexing is a method for
"transmitting two or more signals over a common channel by dividing the channel
into time intervals so that the source signals may be sampled and
time-sequence-multiplexed to form a composite signal train. Signals are recovered
through the use of a demultiplexer which sorts out the time spaces so that the

P •original sampled signals may be reassembled.

At this point in the discussion, a short recapitulation may be useful. The source
* information, whether it be a single signal or many signals, has been produced by a

transducer, or other information source, conditioned in the signal conditioning
network to meet interface requirements, may have been modified through
analog-to-digital or digital-to-analog conversions, and combined through the use ofF • FDM and/or TDM techniques. The resulting multiplexed signal is much more
complex than the output from any one of the sources. This complex signal,r-D representing the information from all the transducers, must now be transmitted to

the receiving section of the telemetering system.

1.2- 3



The design of the transmitting section must be carefully considered as it provides
the functions to modulate the RF carrier signal, amplify the modulated carrier
signal, interface the transmitter output to the transmitting antenna, and direct the
transmitted RF signal in the desired direction. In order to simplify the introductorN
discussion of a telemetry system, the transmitter and transmitting antenna will be
considered as a single section. The purpose of this section is to provide the means
by which the composite information signal may be sent to the receiving location for
detection and processing.

Several very important factors must be considered in the design of the transmitting
section; they include RF signal stability requirements, RF carrier modulation
(deviation) requirements, transmission bandwidth requirements and/or restrictions, the
type of modulation employed, RF signal power requirements, and the pattern and
polarization of the transmitting antenna. These factors directly impact the receiving
section performance characteristics required to accurately receive and demodulate the
transmitted signal. Therefore, the characteristics of the receiving and transmitting
systems must be considered together to derive the optimum design for any system.

The RF carrier deviation, the baseband bandwidth, and the modulation technique

determine the RF bandwidth of the transmitted signal. The RF bandwidth is
important to the conservation of spectrum space and to the processing functions of
the receiving system. The receiving system must be properly configured to process
the received signal and minimize degradation due to the effect of filtering and
noise.

The design of the receiving system must be compatible with the particular type of
"modulation employed in the transmitter to deviate the RF carrier signal. Typical
modulation methods include FM (frequency modulation) and PM (phase modulation)
techniques. Equally important to the transmission/reception process are the
transmitted RF power, the gain of the transmitting and receiving antennas, and the
noise temperature of the receiving system. Power and gain are very important
factors in determining the signal-to-noise ratio of the signal to be processed by the
receiving system. The polarization of the receiving antenna must be compatible with
that of the transmitting antenna for optimum transfer of energy between the two
antenna systems and provide for the least amount of RF signal loss and subsequent
degradation of the signal-to-noise ratio.

%: The final step involved in successful recovery of the original source information
signals depends upon the characteristics of the receiving section. For the purpose of
these discussions the receiving section will include: receiving antenna(s), telemetry
receiver(s), demodulator(s), magnetic tape recorder(s), and other necessary equipment.
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2.0 TELEMETRY TERMINOLOGY

This section is divided into two parts:

A glossary of terms (2.1) that are frequently used in the field of telemetry.

A list of telemetry related acronyms and abbreviations (2.2).
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2.1 GLOSSARY OF TERMS

-A-

., ACQUISITION: Process of acquiring synchronization; can be clock synchronization or
receiving antenna pointing toward the transmitting antenna.

ACQUISITION TIME: The time interval required to establish clock synchronization
or antenna track.

ALIASING EFFECT: Apparent downward shift in frequency of components which
are higher than one-half the sampling frequency resulting from a sampling rate
which is too low in frequency.

AMPLIFIER: An electronic device used to increase the amplitude of electronic
signals.

"AMPLIFIER, LOW NOISE: An amplifier whose noise temperature is low.

AMPLITUDE EQUALIZATION: The process of reducing frequency response
distortion by the introduction of networks to compensate for the differences in

- attenuation at various frequencies.

ANTENNA PATTERN (RADIATION PATTERN): A graphical representation of the
radiation properties of the antenna as a function of space coordinates.
Radiation properties include power, phase, and polarization. In the usual case
the radiation pattern is determined in the far field region and is represented as
a function of directional coordinates.

ANTIPODAL: Diametrically opposite, exact opposites; e.g. the NRZ-L symbols for
"one" and "zero" are referred to as antipodal symbols.

ATI ENUATION, ATMOSPHERIC: The attenuation of a radio signal as it passes
through the atmosphere due to particles in the atmosphere, e.g., raindrops,
water vapor, and other gases.

ATTENUATION, FLAME: The attenuation of a radio signal as it passes through the
ionized gas and particles of the exhaust from a rocket motor.

AZIMUTH ALIGNMENT (FOR RECORDER/REPRODUCER HEADS): Alignment
of the recording and reproducing head gaps to provide system to system

- compatibility and to produce the optimum output. Alignment considerations
must include the record head gap, the reproduce head gap, and the dynamic

*a path of the magnetic tape.
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BANDWIDTH: A range of frequencies that confoim to a specified standard, usually
+3 dB of the amplitude of the reference frequency. The information capacity
of a channel.

'.p-

BANDWIDTH (CONTINUOUS FREQUENCY BAND): The difference between the

limiting frequencies. The range of frequencies within which performance, with

respect to some characteristic, falls within specific limits.

BANDWIDTH, NECESSARY: The International Telecommunication Union (ITU) and
the National Telecommunications and Information Administration (NTIA) have
defined necessary bandwidth as follows: "For a given class of emission, the
width of the frequency band which is just sufficient to ensure the transmission
of information at the rate and with the quality required under specified
"conditions."

"BANDWIDTH, OCCUPIED: The ITU and NTIA have defined occupied bandwidth as

follows: "The width of a frequency band such that below the lower, and above
the upper, frequency limits, the mean powers emitted are each equal to a
specified percentage of the total mean power of a given emission." This
percentage is frequently specified as 0.5% and the resulting bandwidth referred
to as the 99% power bandwidth. The Range Commanders Council has an
alternate definition of occupied bandwidth that includes all spectral components
that are larger than the larger of -60 dBc or -25 dBm.

BASEBAND (CARRIER OR SUBCARRIER TRANSMISSION SYSTEM): The band of
frequencies occupied by the signal before it modulates the carrier (or

subcarrier) frequency to form the transmitted signal. The signal in baseband
ranges over a distinctly lower frequency than the carrier frequency, and may
"include a direct current (DC), component.

BASELINE RESTORATION: Recovery of the DC baseline reference of a signal that
has been modulated bv the effects of long strings of "ones" or "zeros."

BEA.AMWIDTH (ANTENNA): Half power beamwidth plane containing the direction of
the maximum value of the beam. The angle between the two directions in

* •which the radiation intensity is one-half the maximum value of the beam.

BIAS SIGNAL, HIGH FREQUENCY: A high frequency (usually at least three times

the maximum signal to be recorded) sinusoidal signal linearly added to the
analog data signal to linearize the magnetic recording/reproducing characteristic.

.,' BI-LEVEL DIGITAL SIGNAL: A digital signal which is comprised of only two
levels.

BI-PHASE LEVEL (BI4-L): A method of representing digital data where a
level change occurs at the center of every bit period. A "one" is represented

"by a "high" level with a mid-bit transition to the "low" level. A "zero" is
represented by a "low" level with a mid-bit transition to the "high" level.

%"
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BINARY CODE: A method of representing numbers using two states such as; on or

off, high level or low level, etc.

BIT: An abbreviation for binary digit.

BIT ERROR: A bit error has occurred when the expected bit value is not present;
e.g. a "zero" occurring when a "one" is expected or a "one" occurring when a
"zero" is expected.

BIT ERROR PROBABILITY (BEP): The ratio of the number of bits in error to the
number of bits transmitted during a given time interval.

BIT ERROR RATE (BER): The number of bits in error during a given time
interval or a given number of bits.

BIT PACKING DENSITY (LINEAR): The number of bits of useful information
contained within a given linear dimension, usually expressed in bits per inch or
millimeter.

BIT RATE: The speed at which bits are transmitted, usually expressed in bits per
second (b/s or bps).

BIT SLIP: The increase or decrease in detected bit rate by one or more bits with
respect to the actual bit rate.

BIT SLIPPAGE PROBABILITY (BSP): The ratio of the number of bits gained or
lost (slipped) to the number of bits transmitted during a given interval of time.

BIT SLIPPAGE RATE: The number of bits gained or lost (slipped) during a given
time interval or given number of bits.

BIT STREAM: A continuous series of bits transmitted over a channel.

BIT SYNCHRONIZER: An electronic device that produces a reconstructed version of
the transmitted clock and bit stream from an input bit stream that may have
been contaminated by noise and distortion.

BIT SYNCHRONIZATION: In step or in phase as applied to a digital sequence; e.g.,
%. a bit sequence in step/in phase with its source clock.

% BURST: A continuous group of events occurring together in time. An analog signal
-,4 sequence or pulse train that starts at a prescribed time and continues for a

specified duration or number of cycles.

BURST ERROR: A series of closely spaced errors occurring in a transmission
*, channel caused by a common event.

BYTE: A sequence of adjacent binary bits of specified length; e.g., 4, 6, or 8 bits
in length. A byte is usually defined to be 8 bits long.

2.1 - 3
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CARRIER: An analog signal of constant amplitude and frequency that is modulated
by information signals to produce a signal suitable for transmission.

_ CARRIER-TO-NOISE RATIO (CNR): The ratio of carrier to noise after
bandlimiting but before any nonlinear process such as amplitude limiting.

CENTER FREQUENCY: The average frequency of a signal when modulated by a
symmetrical signal.

A CHANNEL: The path through which signals flow.

CLOCK: A signal waveform used to synchronize digital circuits.

"CLOCK (RECONSTRUCTED): A clock signal which is recovered from the data at
the data processing site.

, CLOCK SLIP: An increase or decrease of more than i80 degrees of the
reconstructed clock relative to a perfectly recovered clock.

, '~CLOCK SYNCHRONIZATION: The process of aligning a clock at a remote site to a
clock at the originating site.

CLOCKING: Communication signal time synchronization information.

CODING: Method by which digital data is converted, following a prescribed set of
"rules.

COMMUTATION: Sequential sampling, on a repetitive basis, of multiple data sources
for transmitting and/or recording on a single channel basis.

"COMMUTATOR: A device used to accomplish time-division multiplexing by
repetitive sequential switching techniques.

COMPRESSION POINT, I dB: The point at which the gain of an amplifier is
. reduced by I dB with respect to its small signal gain.

CONSTANT BANDWIDTH: A frequency division multiplexing system in which each
channel occupies the same bandwidth regardless of its center frequency. The

,,,.-•amount of deviation is held within an allocated bandwidth and is not
determined as a percentage of the center frequency as in a proportional
bandwidth system.

- ,2.1 4
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CORRELATION DETECTION: A method of detection in which a signal is
compared, point-to-point, with an internally generated reference. The output
of such a detector is a measure of the degree of similarity of the input and
"reference signals. The reference signal is constructed in such a way that it is

-'" at all times a prediction, or best guess, of what the input signal should be at
"that time.

CROSS MODULATION: A type of intermodulation of a desired carrier by undesired
carriers.

CROSSPLAY: Reproducing a previously recorded tape on a system other than that
used to record the tape.

CROSSTALK: Interference in a given transmitting or recording channel which has its
origin in another channel. Undesired signal energy appearing in one signal
path as a result of coupling from other signal paths.

CUTOFF FREQUENCY: The frequency that marks the edge of the passband of a
filter and the beginning of the transition to the stopband. It is usually defined
to be the frequency at which the signal is attenuated by 3 dB relative to the
response at a reference frequency.

24
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D.A\iA AZIMU;lti (D)YNAMIC): The departure from the nominal head segment gap
azimuth angles (static) because of the dynamic interface between the heads and
"the moving tape.

[-DATA BANDWIDTH: The difference between the highest and lowest frequency of
the data to be transmitted; usually defined by the -3 dB points.

DATA CONVERSION: The process of changing data from one form of
representation to another.

I)-\.\ .XMUI.TIPI.EXING: The process of combining two or more signals into a
single composite signal. The two basic methods of multiplexing involve the
separation of signals b, time di\,ision and frequency division.

I).\F A QI'.A1I1TIY: A measure of "goodness" of data. The measure of goodness can
be hit error rate, signal- to-noise ratio. maximum (or rms) error as a percentage
of full scale, etc.

S).\ I A FlR AUK: he recorder channel (track) on which data has been or is to be
recorded

odlii Antenna gain in decibels referenced to the gain of an omnidirectional antenna
"-" v. ith 100"".. efficiencs.

dB :n Power le\el in decibels referenced to a level of one milliwatt (0.001 watt), i.e.,
dflm = 10 log1 0  (P 0.001) ,here P is in vatts.

d If Voltage level in decibel• referenced to a le'el of one ,olt. i.e.. dBv = 20 logl 0

VI v1 here V, is in oolts

DI ('I 1I.. po\Aer (dBy): -en timnes the hlg ()f the ratiu of tI, o power values. i.e., dB
= 10 logl 0 (P1 P2)

D. . I)1( HOI1.. \oltage (dli): I \Aent\ times the hlg (if the ratio of txo ýoltage values.
i.e.. dB = 20 logl 0 V I

1)1 I. A 1)1SI) OR IO(N ( P111 AS I )IS I ()R I ION I)istortion occurring in
communication channel,, due tu ",ariati',n in ýignal pripagation speeds at

different frequencies Mieasured in time relative to a reference frequency.

I )1I .N N0 A ')'A I.'O\ 10 ) -MM)\1 'Met h,d fir representing digital data. s, here a
(ine is repre,';nted h. m id-hit transiti n and a "ier, V is, represented b\ a

tranfliti 'in at the end ,f the hit s, hen the! net hit i, i "iern," and no transition

.,hen the nelst hit is a ",ine

1)D MOMD 'L A IOR A des ice t, etfte.t the pro,.> . t ,h'm,,,iul.itAn See also.
demodulation

1) Il.M DtIAJI I OA(N: I he proce<,' of rco ers ,r ev traji,,r-n f the t i, i iinall intfo rm91ation

signal from the modulated Ri signal
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DERANDOMIZER: A device which performs the inverse operation of a randomizer;
recovers data which was previously randomized.

"DETECTION: Determination of the presence of a signal. The process by which a
signal corresponding to the modulating signal is obtained from a modulated
carrier.

DETECTOR, BALANCED: Demodulator for frequency modulation systems. In one
form, the output consists of the rectified difference of the two voltages
produced across two resonant circuits, one circuit being tuned slightly above
the carrier frequency and the other slightly below.

DETECTION, LINEAR: The form of detection in which the output voltage is
proportional to the voltage of the input wave.

DEVIATION: The algebraic difference between a given value and its corresponding
central reference value.

DEVIATION DISTORTION: Distortion in an FM receiver caused by inadequate
bandwidth, amplitude modulation rejection, or discriminator linearity.

DEVIATION, PEAK FREQUENCY: The maximum difference between the
instantaneous frequency of the modulated signal and the reference carrier
frequency.

DEVIATION, PEAK PHASE: The maximum difference between the instantaneous
phase of the modulated signal and the reference carrier signal.

DEVIATION RATIO: The ratio of one-half the defined channel peak-to-peak
deviation to the discriminator low-pass output filter bandwidth.

DEVIATION, RESIDUAL: Apparent modulation due to noise in the transmitter also
known as incidental frequency modulation.

, DIGITAL-TO-ANALOG CONVERTER (DAC): A device that converts an input
* binary code into an analog voltage.

DIGITIZE: To assign digital numbers to characters and words according to fixed
rules of ordering. To convert from analog to digital form.

DIRECT RECORDING with AC BIAS: A magnetic recording technique employing a
* high-frequency bias signal which is linearly added to the data signal. The

composite signal is then used to drive the record-head segment.

DISCRIMINATOR, FM: An electronic device which operates as a frequency to
voltage converter.

DIVERSITY COMBINER: An electronic device which sums the signals from two or
more sources.

2.1 - 7
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DIVERSITY RECEPTION: A method of radio reception whereby, in order to
minimize the effects of fading, a resultant signal is obtained by combination
and or selection of two or more sources of received-signal energy which carry
the same modulation or intelligence, but which may differ in strength or

at-no reception may employ frequency, polarization,

time or space diversity.

,•.• DOPPLER EFFECT: A principle of physics that, as the distance between a source of
constant frequency and an observer diminishes or increases, the received
frequencies are greater or less.

DOPPLER SHIFT: The change in frequency of a system caused by the doppler
effect.

IDOWN-CONVERTER: An electronic deNice that translates a given frequency band to
a frequency band wkith a lower center frequency.

SDRIFT: A slow change in either absolute le~el or slope of an input-output
characteristic.

[DROPOUT: A momentary loss of signal in a transmission channel, usually RF or
"magnetic tape in telemetry applications.

DUCTING (RE TRANSMISSION): Confinement of electromagnetic wave propagation
to a restricted atmospheric layer by steep gradients in the index of refraction

-- with altitude.
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ENHANCED NON-RETURN-TO-ZERO LEVEL (ENRZ-L): Method for
representing digital data, trademark of the DATATAPE Division of the Kodak
Corporation. The input data NRZ-L bits are collected into separate groups of
seven bits, bits 2, 3, 6, and 7 are inverted, and an eighth bit is added to
make the parity odd (odd number of ones).

ENVELOPE DELAY: A characteristic of communication channels where variations in
signal delay with respect to frequency occur across the data channel bandwidth.
See also, delay distortion and phase distortion.

ERROR CORRECTION: The process of correcting bits in error through the use of
redundant data bits.

ERROR DETECTION: The process of detecting bit errors.

"ERROR MULTIPLICATION: A process in which individual isolated input bit errors
cause multiple output bit errors. The degree of multiplication of errors is

4i characteristic of the coding system employed.

"EQUALIZATION: A method used to compensate for amplitude and phase distortions
occurring in a communication channel. Equalizers are designed to provide the
inverse of the channel distortion so that the signal can be recovered in its
original form. See also, distortion.

EXCLUSIVE-OR GATE: The exclusive-OR gate is defined as a two-input device
whose output assumes the "one" state if one and only one input assumes the
"one" state.

EYE PATTERN: The pattern that results, as displayed on an oscilloscope, from the
superpositioning of "ones" and "zeros" in a digital data sequence, when the time
base of the oscilloscope is synchronized to the bit rate clock.
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FILTER, BANDPASS: A filter having a single transmission band extending from a
frequency higher than zero to a frequency lower than infinity.

FILTER, BANDSTOP: A filter which passes frequencies from zero to a lower cutoff
frequency and from a higher cutoff frequency to infinity. Signals at
frequencies between the lower and higher cutoff are attenuated. This filter is
also called a notch filter or a band-reject filter.

FILTER, CONSTANT AMPLITUDE: A filter which is designed to have a maximally
flat amplitude response; a Butterworth filter.

FILTER, CONSTANT DELAY: A filter which is designed to have a maximally flat
delay response; a Besse] filter.

FILTER, HIGH-PASS: A filter having a single transmission band extending from
some cutoff frequency, not zero, up to infinite frequency.

FILTER, LOW-PASS: A filter having a single transmission band extending from zero
to some cutoff frequency, not infinite.

FLAME ATTENUATION: The attenuation of a radio signal as it passes through the
"e'. ionized gas and particles of the exhaust from a rocket motor.

FLAWS, MAGNETIC TAPE: Regions of a magnetic tape where the density of
magnetic particles is much lower than the nominal value. Regions of a
magnetic tape which have been physically damaged.

FLUTTER: The undesired frequency changes produced by speed variations of the
Smagnetic tape during recording and reproduction.

FLUX TRANSITION: A 180" change in the flux pattern of a magnetic medium
brought about by the reversal of the magnetic poles within the medium.

FLUX TRANSITION DENSITY (LINEAR): The number of flux reversals occurring
during a given length of tape (linear dimension in inches or millimeters).

FM DISCRIMINATOR: An electronic device that acts like a frequency-to-voltage
converter.

"FM/FM (FREQUENCY MODULATION/FREQUENCY MODULATION): Frequency
modulation of a carrier by subcarriers which are frequency modulated by
information signals.

FORMAT: A predetermined arrangement of characters, fields, lines, punctuation.
page numbers, etc.

FRAME: A set of digital data encompassed within a specified boundary; e.g., minor
"frame, major frame, data frame, etc. The boundary is marked by a frame

*. synchronization word.
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FRAME FORMAT IDENTIFICATION: A word which uniquely identifies which
PCM format is currently being transmitted when more than one format is
possible.

FRAME OF DATA: A sequence of data bits in which the position of each data bit
can be identified by reference to the frame synchronization pattern.

FREQUENCY DEVIATION: In frequency modulation, the difference between the
instantaneous frequency of the modulated wave and the unmodulated carrier
frequency.

FREQUENCY DEVIATION LIMIT: The upper and lower frequency limits beyond
which a subcarrier should not be deviated.

FREQUENCY DIVERSITY: That form of diversity that uses both transmission and
reception at more than one frequency.

* FREQUENCY DIVISION MULTIPLEXING: A multiplexing technique in which the
channel bandwidth is divided into different frequency subchannels. Permits
more than one signal source to share the same communication channel.

FREQUENCY DIVISION MULTIPLEX: A system for the transmission of
information about two or more quantities (measurands) over a common channel
by dividing the frequency band. Amplitude, frequency, or phase modulation
of the subcarriers may be employed. A process or device in which each signal
channel modulates a separate subcarrier, the subcarriers being spaced in
frequency to avoid overlapping of the subcarrier sidebands.

FREQUENCY MODULATION (FM): A method for transmitting information where
the amplitude of the information signal is used to vary the frequency of the
carrier signal.

FREQUENCY OFFSET: A deviation from the reference frequency. May be static
or dynamic; e.g., a varying offset or a fixed frequency offset, such as occurs
when a DC voltage is applied to an FM carrier system.

FREQUENCY RESPONSE: A measure of how effectively a device passes the
different frequencies applied to it.

"FREQUENCY SHIFT KEYING (FSK): A form of frequency modulation in which
the modulating signal shifts the carrier frequency between predetermined
values, and the output signal has no phase discontinuity. Commonly, the
instantaneous frequency is shifted between two discrete values, termed the
Mark and Space frequencies.

2.1 II
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GAIN (AMPLITUDE): An increase in signal amplitude, normally expressed in
decibels (dB).

"GAP LENGTH (PHYSICAL): The dimension between leading and trailing edges of a
record or reproduce head-segment gap measured along a line perpendicular to
the leading and trailing edges of the gap.

GAUSSIAN NOISE: Noise whose amplitude is characterized by the normal
distribution.

GROUND STATION: A telemetry receiving, recording, processing and display
system. This term is also used to refer to systems which contain a subset of
the above functions.

GROUP DELAY: The derivative of radian phase with respect to radian frequency,
often called envelope delay.

*I GiT (RADIO ANTENNAS): The ratio of the maximum power gain to the noise
temperature (in degrees Kelvin) of an antenna and its associated receiving
system.

jGUARD BAND: The unused frequency spaces between subcarriers in FDM systems
and between RF carriers; used to guard against interference.

S2 .1 - 12
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HARMONICS: Frequencies that are multiples of a fundamental frequency. Odd
harmonics are odd multiples of the fundamental frequency and even harmonics
are even multiples of the fundamental frequency.

"HARMONIC DISTORTION: The production of harmonic frequencies at the output of
a nonlinear device when a sinusoidal signal is applied to the input.

HARMONIC FREQUENCIES: Frequencies that occur at multiples of the fundamental
frequency.

HEAD. MAGNETIC: A device that records, reads or erases data on magnetic tape.

HEAD SEGMENT: A single transducer which either records a signal on tape or
reproduces a signal previously recorded on tape.

HIGH DENSITY DIGITAL RECORDING (HDDR): Recording of digital data, on a
"magnetic recording medium, having a linear flux transition density in excess of
15,000 transitions per inch.

HORIZONTALLY POLARIZED WAVE: A linearly polarized wave whose electric
field vector is horizontal with respect to the earth's surface.

HYBRID MODULATION: A combination of the modulation methods, PCM/FM,
PCM'PM, FM/FM, etc., used to impress information on a carrier for
transmission.

-H HYSTERESIS (MAGNETIC): The property of a magnetic material which causes the
magnetic induction for a given magnetizing force to depend on the previous

", conditions of magnetization.

HYSTERESIS LOSS (MAGNETIC): The power lost in a magnetic material as a result
of magnetic hysteresis.

1 a-
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INCIDENTAL FM: The short term jitter or undesired FM deviation of a local
oscillator. Also known as residual FM.

INSERTION LOSS: The decrease in power delivered to the load when a device is
inserted between the source and load.

INTERFERENCE (COUPLING): Interference resulting from signals transferring
(coupling) between circuits.

INTERFERENCE (DATA TRANSMISSION): Interference in a signal transmission
path is either extraneous power which tends to interfere with the reception of
the desired signals or the disturbance of signals which results.

INTERMODULATION DISTORTION: Distortion brought about by the interaction of
two or more frequencies resulting in erroneous information signal transmission.

INTERMEDIATE FREQUENCY (IF): A frequency to which a signal is shifted
locally as an intermediate step in transmission or reception.

JITTER: Information signal variations relative to a reference time position. Variations
can be in time, frequency, and/or phase. These variations may result in
erroneous detection of information signals; particularly pulse type systems.
Frequency modulation of the bit rate or bit rate clock.

JITTER RATE: Rate or frequency at which the bit rate or bit rate clock is being
modulated.

KILOBITS PER INCH (kb/in): Linear packing density expressed in thousands of bits
per linear inch. Usually used in digital magnetic recording.

L-BAND: A term referring to the band of frequencies between 1000 and 2000 MHz.
The telemetry portion of L-band extends from 1435 to 1540 MHz. The
frequencies between 1700 and 1850 MHz are frequently referred to as upper
L-band signals.

I-[lT- HAND POLARIZED WAVE: An elliptically polarized electromagnetic wave in
which the rotation of the electric field vector is counterclockwise when looking
in the direction of propagation.II IIN[1ARITY: The condition where in the change in the value of one quantity is
directly proportional to the change in the value of another quantity. A
relationship existing between two quantities such that the change in one

quantity is exactly and directly (linearly) proportional to the change in the
other quantity.

I O('K: lhe state of being synchroni/ed in frequency, phase, or motion to another
signal or object.

"2.1 14
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MAJOR FRAME: The data structure consisting of the smallest number of minor
frames which includes at least one sample of each parameter in the format.

MATCHED LOAD: A device used to terminate a transmission line so that all of the
incoming energy is absorbed.

MAXIMAL LENGTH SEQUENCE: A pseudo-random sequence of length 2 NI
generated by a shift register of length N.

MILLER CODE: See Delay Modulation.

MIILLER SQUARED (M2): Method for representing digital data where the bit stream
to be encoded is divided into data sequences of three types:

Type A: Any number of consecutive logic "ones."

T, pe B: Two logic "zeros" separated by either no logic "ones" or an odd
* number of "ones"; e.g., 00, 010, 01110.

Type C: A logic "zero" followed by an even number of logic "ones"
and terminated by a "zero" not counted as part of the sequence, e.g.,
011, 01111.

For types A and B, "ones" are coded with transitions in the middle of the bit
and consecutive "zeros" have transitions between them; the same as for delay
modulation. However, in type C sequences the transition in the middle of the
final "one" is inhibited.

MINIMUM TRANSITION DENSITY: The minimum number of transitions for a
given number of bits for any input bit sequence.

MINOR FRAME: The data structure in time sequence from the beginning of one
minor frame synchronization pattern to the beginning of the next minor frame
ssynchronization pattern.

* MOD:I.,ATION INDEX: The modulation index (B) is equal to the peak phase
deviation when a single sinusoid angle modulates the carrier:

For frequency modulation the modulation index is often expressed as the ratio
of the peak frequency deiation to the frequency of the modulating signal:

B=Af/fm

where Af is the pcak carrier frequency deviation and fm is the
modulation frequency.

2.1 15
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MODULATOR: A device which causes some parameter of a carrier signal to vary in
step with the modulating signal.

-, MULTICOUPLER: A device used to interface one antenna to several receivers
with gain of one or larger.

MLULTIPATH: The phenomenon where signals reach the receiving antenna by two or
more separate paths. This can cause echoes or ghosting.
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NOISE: Any unwanted disturbance or spurious signal which modifies the
transmitting, indicating, or recording of the desired signal.

NOISE FIGURE: The ratio of total output noise power to output noise power due to
noise present at the input of the device, when the input source is at a
temperature of 290'K; usually expressed in dB.

NOISE, FLUCTUATION: Noise whose amplitude is completely random. The error
in the output of a demodulator when the signal is larger than the noise.

NOISE, GAUSSIAN: Noise whose amplitude has a normal (Gaussian) distribution.

NOISE, IMPULSE: Noise generated in discrete energy bursts which has a
characteristic wave shape of its own.

NOISE LOADING: The process of simulating the sum of many independent
modulating signals through the use of one Gaussian noise signal.

NOISE LOADING TEST SET: An electronic device which generates and receives a
"Gaussian noise signal. It is used to measure the noise floor and

.'V intermodulation level of a transmission system.

NOISE, POP: The error in the demodulated output which occurs when the vector
sum of the signal plus noise encircles the origin. The instantaneous noise
amplitude has to be larger than the instantaneous signal amplitude for this to
occur. This is also known as click noise.

NOISE. RANDOM: A signal whose instantaneous amplitude is determined at random
and is therefore unpredictable. It contains no periodic frequency components
and has a continuous frequency spectrum.

*• NOISE TEMPERATURE: The temperature of a passive system having an available
noise power per unit bandwidth equal to that of the actual terminals. The

- noise temperature of a simple resistor is the actual temperature of the resistor,
while the noise temperature of a diode may be many times the observed

* absolute temperature. The standard reference temperature To for noise
measurements is 290 degrees Kelvin (K).

NOISE, WHITE: Noise whose power is distributed uniformly over all frequencies.
Since ideal white noise is an impossibility, bandwidth restrictions must be

applied.

'p.'.

-2.1 17

S.%
PLL



-N

NOISE POWER RATIO (NPR): The decibel ratio of the noise power with the
baseband fully loaded to the noise power with the baseband fully loaded ekcept
for a narrow band around the measurement frequency. All noise powers are
measured in a narrow band around the measurement frequency.

NON-RETURN-TO-ZERO LEVEL (NRZ-L): A binary method of representing
digital data where a "one" is represented by one level and a "zero" is
represented by the other level in a bi-level system. The le,el does not return
to zero between the data pulses.

NORMAL RECORD LEVEL: The input level to an IRIG magnetic tape recorder
which produces 1% third harmonic distortion with an input frequency equal to
100/6 of the upper bandedge frequency of the recorder/reproducer system.
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•, ODD PARITY: Bit added to a binary code group which is used to make the number

... ( of "ones" or "zeros' in a group odd.

.€.OVERHEAD BITS: Extra bits added to a digital sequence of data bits which are
i used to control and/or interpret system response. Also may be used for error

detection and correction (EDAC).
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PA(KIN(~ IM NSI IN. LIN I AR: -1fe numb-er -t Unit' It UýCt Il 11nt11imitin 11
co)nta.iIned A It h In a gix en lneair d Imen, Itn, LuUýI'! ceIxpr e'-d in un it' per inch
or millimeter: the numbe~t)r (It hinair\ digi't nmanet i, ['I]e 1,',-t, 1 'r I III A tape per
h neair Inch. on aI ý-ngle trac:k

PAKRALlEL II(;1l M)E\SITY [N(1 *\ IAl RI (ORI)I\( IIDl)R, I ith VC A1dI

re:or-ding a digital data, se uonce. ,,,,here the data sequeLnc:e i, n),utiip`exed k~ntt
more than tine recordling channel.

- PARI IY N 1311 Abtit addled to a binais ciode group xhIch ue ~l h

-~ fumib er t' "ones" or "zero,," e xen or odd in that groUP.

P - 13\ NDI) The band of' frequencies between '-15 and 32-0 %111 w iued primarils ax a
common frequenc\ b)and into xx hich I -band and S-band telemietr\ limnal, are
dovs nconx erted in somle telemectr% receix ing stationK A Pr'thIn It thisý ha"nd
,,as used tor telemetr\ transmissiIon bef'ore 1 9' sneporm c Itnue to
use th is bandi on a "xaix er basis).

ITPAl. PA R ALLF I.: A PCMI technique in xxhich pulses aire tiat"Imittted 11i1,1lta1neouxlk
ox er parallel channels. The tech n iqtie is (tife nec inC CTte red In mae ine tic taple
recording.

f'CM, SEFR IA L: P(Ali transmission in Ashich a single data channel i' U'ed an1d the
~~ pulke code signals are receix ed in sequential ordrter.

P1I IASEI [)lSTOR-HON (D[)EAN' DiST-ORVION) D)istortion occurring1 InI
comnmu nicat ion channels d1ue to x ariat ions in signal propagation peefdsý at
dlifferent frequ~encies. Measured In timle relatix e to a ret'eience tretquenc\:

PH1ASE EQI'A LIZATION: T1he process of' reducing pha11e tiii i-tt n t,! the(
introduction of' networks, tio compensate tbr the dtiifeferiace InI tiLax at arious
t'r eq(ue nci es.

1)11 A SI- Jil IT1R : A dynamnic oariation Of- signal1 phase about None11 phax~e ret eeCeCI:
p)i n t.

II I1 A\5j SHI 14 1K EYI NCY ( PSK ): Modulation technique xx here the modulated cairrier is
shifted either +90 degrees or -90 degrees relat ixe to the ref'erence carrier.
*1 h N, is usually accomnplished by amplitude modlulat ion of' thle calrrier 1)\

P( A') A R I I Y: flax ing twko opposite states such as; posýitixe aind flegaitix( e \ltaeeý or
s* '.north and south poles.

P( l, A R I/.AJION'~ D)IV I R S HY ( R E.CFPI'TION' ): Ih 1t ) fIrm if' di\ CrItý1\ rec"ept Itmiltha
Uses receix Ing antennas whrjose polarizations aire 11111t1,:1lk orthana113 (wu,011ll%
sirtic:A anti horizontal oir lef't-haint circ.ular aind right-lhandciulr

Ilk[ A\IPIf IR. A n amplifi er connectedi to a losslxl icl Nit,)t piceoent
sutitable input andi output impediances anti pro\ Ridc gain Nithat thle iWnAl fiaý\
he further processed wikthou)Lt aippreciable degraditu In th Ii~a ot
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PREEMPHASIS: A process in a system designed to emphasize the amplitude of some
frequency components with respect to the amplitude of others in order to
improve the signal-to-noise ratio or reduce distortion.

V PREMODULATION FILTERING: The filtering of a signal prior to carrier

modulation. The effect is to reduce the energy contained in the sidebands of
the modulated carrier.

PRINT-THROUGH (MAGNETIC TAPE): The inadvertent magnetization of a layer
of magnetic tape by an adjacent layer.

PROPAGATION DELAY: The necessary time required for a signal to be transmitted
from one point to another.

PROPAGATION LOSS (FREESPACE): The loss of energy caused by the "spreading"
of an electromagnetic wave as it travels through space. This loss (dB) can be
calculated using:

20 logl 0 (47rD/A)

where:
A is the wavelength of the transmitted signal
D is the distance between the transmitter and receiver.

PROPORTIONAL BANDWIDTH: In a proportional bandwidth system the bandwidth
of each channel is proportional to its center frequency. The maximum channel
deviation is the product of the deviation value in percent divided by 100 and
the center frequency of the channel.

PSEUDO-RANDOM PATTERN: A non-random pattern having statistical properties
resembling a random pattern.

PSEUDO-RANDOM SEQUENCE (PRS): A non-random digital data sequence having
statistical properties resembling a random digital sequence.

PSEUDO-RANDOM SEQUENCE MODULATED NRZ-L: Method for representing
digital data where the NRZ-L bit sequence is modulo-2 summed with a
pseudo-random sequence (PRS).

2.1 - 21
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PULSE AMPLITUDE D MODULATION tFREQUENCY MODULATION (PAM FM):
Frequency modulation of a carrier by pulses, the amplitude of which contains
the information to be transmitted.

PULSE AVERAGING DEMODULATOR: A type of FM demodulator in which a
constant area pulse is generated for each zero crossing (can also use only
positive or negatixe going zero crossings). The pulse train is low.-pass filtered
to produce a ,,cltage which is propo-tional to the input frequency.

PULSE CODE MODULATION (PCM): Time division multiplexing (TDM) technique
in which samples of data are represented in binary form bN a group of
discrete pulses.

PULSE CODE MODULATION FREQUENCY MODULATION (PCM FM): Frequenc.
modulation of a carrier by pulse code modulation (PCM) information.

PULSE CODE MODULATION/FREQUENCY MODULATION,'FREQUENCY
MODULATION (PCM, FM 'FM): Frequency modulation of a carrier by
subcarriers which are frequency modulated b, pulse code modulated
information.

"PULSE CODE MODULATION.'PHASE MODULATiON (PCMPM): Phase modulation
of a carrier by PCM information.
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RADIATION LOSS: The part of the transmission loss due to radiation of radio
frequency (RF) power.

RANDOMIZE: The process of converting a regular signal into a random signal.

RANDOMIZED NON-RETURN-TO-ZERO: A coding technique which is used to
convert a bit stream into a bit stream with properties similar to random data.
"The IRIG randomizer adds (modulo 2) the input bit stream and the output bit
stream delayed by 14 and 15 bits to produce the new output bit. This is
"frequently used for magnetic recording. The derandomizer is
self-synchronizing.

RECORD LEVEL, NORMAL: The input level to an IRIG magnetic tape recorder
which produces 1% third harmonic distortion with an input frequency equal to
10% of the upper bandedge frequency of the recorder/reproducer system.

REGENERATED CLOCK: Clock signal which has been generated or reconstructed
from a digital data sequence. Reconstructed clock.

RELAY: A radio station (ground or airborne) used for the reception and
retransmission of the signals from another radio station.

RELAY POD: An airborne receiver-transmitter combination which receives a signal,
performs frequency translation, and retransmits it. Usedl in telemetry systems
to relay signals from test vehicles to telemetry ground stations.

REPEATER STATION: An intermediate point in a transmission system where signals
are received, amplified or reshaped, and retransmitted.

RE-SYNCHRONIZATION: Reestablish synchronous operation after having lost it,
return it to being in step or in phase again.

RETURN-TO-ZERO (RZ): PCM code in which the encoded signal is at zero volts
for the second half of each encoded bit.

REVERSE PLAYBACK: Reproduction of previously recorded data in a direction of
tape travel which is the reverse of the direction in which the data was
recorded.

RF TRANSMISSION: Transmission of data from one site to another through the use
of a radio frequency carrier.

RIGHT-HAND POLARIZED WAVE: An elliptically polarized electromagnetic wave
in which the rotation of the electric field vector is clockwise when looking in
the direction of propagation.

2.1 23
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SAMPLED SIGNAL: The sequence of values of a signal taken at discrete instants.

SATURATION: A condition where an increase in input signal amplitude does not
produce an increase in output amplitude.

"S-BAND: The range of frequencies between 2000 and 4000 MHz. The telemetry
portions of this band are 2200 to 2300 MHz and 2310 to 2390 MHz.

SECOND HARMONIC DISTORTION: The ratio of the rms voltage at twice a
fundamental frequency to the rms voltage at the fundamental frequency; usually
expressed in % or dB.

SENSITIVITY, RECEIVER: That characteristic which determines the minimum

strength of signal input capable of causing a desired value of signal output.

4N
SERVO-CONTROL (RECORDER/REPRODUCER): The use of a reference signal to

control the playback speed of the recorder/reproducer.

0 SERIAL HIGH DENSITY DIGITAL RECORDING (HDDR): Method of recording a

digital data sequence, having a flux transition density in excess of 15,000
transitions per inch, where the data sequence is recorded on one recording

.channel.

SHEDDING, TAPE: Loss of magnetic coating from tape during operation on a tape

transport.

SHIFT REGISTER: A logic network comprised of flip-flops connected in series; a
binary state applied to the first register input can be shifted through the entire
series of registers. Delay network.

SIDE LOBE (ANTENNA PATTERN): A radiation lobe in any direction other than
", .4that of the intended lobe. NOTE: When the intended lobe is not specified it

shall be taken to be the major lobe.

SIGNAL CONDITIONING: Conditioning performed on an information signal to

provide the performance characteristics required for certain types of data
transmission.

"SIGNAL-TO-NOISE RATIO (SNR): The relative power (or voltage) levels of signal
"and noise on a communications line; often expressed in dB. This term is
usually expressed in terms of peak values in the case of impulse noise and in

. ~ terms of root mean square (rms) values in the case of Gaussian noise.

SIGNATURE RECORDING: The recording of a signal which can be used to align
"the reproduce machine to the recording machine.

"SNR MARGIN: Excess SNR over that required to achieve a given data quality for a
given communication channel.

2.1 - 24
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SPACE DIVERSITY RECEPTION: That form of diversity reception that uses
receiving antennas placed in different locations.

SPECTRUM: The distribution of the amplitude, and sometimes phase, of the
components of a signal as a function of frequency.

STANDARD RECORD LEVEL (RECORDERS/REPRODUCERS): The input level to
an IRIG magnetic tape recorder which produces 1% third harmonic distortion
with an input frequency equal to 10% of the upper bandedge frequency of the

Srecorder/reproducer system.

SUBCOMMUTATION: The process of sampling a paramete.r at a submultiple of the
minor frame rate.

SUPERCOMMUTATION: The process of sampling a parameter at a rate which is a
"I •, multiple of the minor frame rate.

* SUPERHETERODYNE: The process of translating a high frequency to a lower
frequency.

. SYNCHRONIZATION: The maintenance of one operation in step with another, also
"called sync.

SYNCHRONIZATION WORD: Overhead bits inserted into a frame of data which are
used to demultiplex the data bits.

SYNCHRONOUS: In step or in phase as applied to two or more digital data
sequences; e.g., two digital sequences which are synchronous with each other.
A term in which the performance of a sequence of operations is controlled by
equally spaced clock signals or pulses.
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TACIt-SERVO (RECORDER/REPRODUCER): The process of controlling the speed
of the playback machine by its own internal speed reference.

TAPE FLAWS: Defects in the physical characteristics of a magnetic tape; e.g.,
irregularities in oxide coating, edge cutting, base material, and/or backing
material. These irregularities may cause drop-outs, amplitude fluctuations, and
poor tracking.

TAPE SERVO (RECORDER/REPRODUCER): The process of controlling the speed
of the playback machine by synchronizing to a speed control signal recorded
on the tape by the recording machine.

TELEMETRY: An electrical system for measuring a quantity, transmitting the result

to a different location, and there, indicating or recording the quantity
measured. Interpretation is not part of the telemetry process.

THERMAL NOISE: A type of electromagnetic noise produced in conductors or
electronic circuitry whose power is proportional to temperature.

THIRD HARMONIC DISTORTION: The ratio of the rms voltage at three times the

fundamental frequency to the rms voltage at the fundamental frequency, usually
expressed in % or dB.

THRESHOLD, FM: The smallest value of SNR (or CNR) at the input to the

demodulator such that a small change in input SNR produces an equal (or
smaller) change in output SNR.

TIME DIVERSITY RECEPTION: That form of diversity reception that uses multiple
transmissions which are separated in time.

TIME DIVERSITY TRANSMISSION: That form of diversity transmission that uses
multiple transmissions separated in time.

TIME DIVISION MULTIPLEXING (TDM): A method for transmitting two or more
quantities of source information (measurands) over a common channel by
dividing available time intervals among the information signals to form a
composite pulse train.

TRACK (RECORDER): One channel of a recorder/reproducer system.

TRACKING ANTENNA: An antenna which moves the position of its major lobe so

that a selected moving target is contained within the major lobe.

TRANSDUCER: A device by means of which energy may flow from one or more
transmission systems to one or more other transmission systems. The energy
may be of any form, such as electrical, mechanical, or acoustical.

TRANSITION DENSITY PROBABILITY: The actual number of state changes from
"high" to "low" or "low" to "high" divided by the number of bits during a given
time interval.
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UPCONVERTER: An electronic de-ice for translating a frequency band to a
frequency band with a higher center frequency.

4q..

VERTICALLLY POLARIZED WAVE: A linearly polarized electromagnetic wave
whose electric field vector is vertical with respect to the earth's surface.

4. VIDEO: The demodulated output of a telemetry receiver. A television or radar
signal used to drive a cathode-ray tube.

WAAVE: A disturbance that is a function of time or space or both. A disturbance
propagated in a medium or through space. Disturbance indicates mechanical,
voltage, current, electric field strength, or temperature displacement, etc.

-. WAVE ANALYZER: An electronic instrument for measuring the amplitude and
frequency of various components of a complex signal.

WHITE NOISE: Noise which has a constant power spectral density over a specified
bandwidth.
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2.2 ACRONYMS AND ABBREVIATIONS

A

AC Alternating Current
A/ID, ADC Analog-to-Digital Converter
AFC Automatic Frequency Control
AGC Automatic Gain Control
AM Amplitude Modulation
ANSI American National Standards Institute
APC Automatic Phase Control
AWGN Additive White Gaussian Noise
AZ Azimuth

B

BCD Binary Coded Decimal
BEP Bit Error Probability
BER Bit Error Rate
BI•-L,-M,-S Biphase Level, Mark, Space
BITE Built-in Test Equipment

,. BIT SYNC Bit Synchronizer
BPF Bandpass Filter
BPIF Bandpass Input Filter
bps, b/s Bit Per Second
BPSK Binary Phase Shift Keying
BR Bit Rate
BSP Bit Slippage Probability
BSR Bit Slippage Rate
BSSC Bit Synchronizer and Signal Conditioner
BW Bandwidth

C

CA Constant Amplitude
CBW Constant Bandwidth
CD Constant Delay
CMOS Complimentary Metal-Oxide-Semiconductor
CNR Carrier-to-Noise Ratio
cps Cycles Per Second
CRC Cyclical Redundancy Check

2 ..,
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D

D/A, DAC Digital-to-Analog Converter
dB Decibel
dBc Decibels Referenced to the Carrier Level
dBi Decibels Referenced to Isotropic
dBm Decibels Referenced to one Milliwatt
dBV Decibels Referenced to one Volt
dBW Decibels Referenced to one Watt
dc Direct Current
DEMOD Demodulator
DEMUX Demultiplexer
DM Delay Modulation, aka Miller Code, Modified Frequency

Modulation
DSV Digital Sum Variation

E

ECC Error-Correction Coding
* ECL Emitter Coupled Logic

EDAC Error Detection and Correction
ENPBW Equivalent Noise Power Bandwidth
EUC Engineering Unit Conversion

F

FDM Frequency Division Multiplexing
FFI Frame Format Identification
FIFO First-In First-Out
FM Frequency Modulation
FM/FM Frequency Modulation/Frequency Modulation
FMG Frequency Management Group
FRPI Flux Reversals Per Inch
F/S Filter and Sample
FSK Frequency Shift Keying

G

GCR Group Code for Recording
GHz Gigahertz
G/T Gain/Noise Temperature

H

HDDR High Density Digital Recording
HE High Energy
HR High Resolution
Hz Hertz

2.2 - 2
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"IC Integrated Circuit
I/D Integrate and Dump
IF Intermediate Frequency
IFM Incidental Frequency Modulation
IFT International Foundation for Telemetering
in/s Inches Per Second
I/O Input/Output
ips, IPS Inches Per Second
IRIG Inter-Range Instrumentation Group
I/S Interference-to-Signal Ratio
ISI Intersymbol Interference
ITC International Telemetering Conference
ITDE Inter-Track Displacement Error
ITU International Telecommunications Union

J

* Ji(x) ith Order Bessel Function of the First Kind

K

kbi, kb/in Kilobits Per Inch
kHz Kilohertz

L

LBE Lower Bandedge
LBW Loop Bandwidth
LHC, LHCP Left Hand Circular Polarization
LNA Low Noise Amplifier
LOS Line of Sight, Loss of Signal
LPF Low-pass Filter
LSB Least Significant Bit

M

M2 Miller Squared
MCT Manufacturers Center Line Tape
MHz Megahertz
MI Modulation Index
AS sMicrosecond
ms Millisecond
MSB Most Significant Bit
MUX Multiplexer

* 2.2 - 3
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N

NLT Noise Loading Test
NPR Noise Power Ratio
NPRF, NPRO Noise Power Ratio Floor
NPRI Noise Power Ratio Intermodulation
NRL Normal Record Level
NRZ-L, -M, -S Non-Return-to-Zero Level, Mark, Space
ns Nanosecond
NTIA National Telecommunication and Information

Administration

P

PAM Pulse Amplitude Modulation
PAM/FM Pulse Amplitude Modulation/Frequency Modulation
PBW Proportional Bandwidth
PCB Printed Circuit Board

SPCM Pulse Code Modulation
PCM/FM Pulse Code Modulation/Frequency Modulation
PCM/FM/FM Pulse Code Modulation/Frequency Modulation/Frequency

Modulation
p. PCM/PM Pulse Code Modulation/Phase Modulation

PDM Pulse Duration Modulation
PFD Power Flux Density
PLL Phase Locked Loop
PM Phase Modulation
PN Psuedo Noise
POST-D Post Detection
p-p Peak-to-Peak
ppm Parts Per Million
PPM Pulse Position Modulation
PREAMP Preamplifier
PRE-D Predetection
PREMOD Premodulation
PR Pseudo Random
PRN Pseudo Random Noise
PRS Pseudo Random Sequence
PROM Programmable Read Only Memory
PSK Phase Shift Keying

41 PWA Printed Wiring Assembly

2.2 - 4
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R

RAM Random Access Memory
RCC Range Commanders Council
RCD Record
RCDR Recorder
RCVR Receiver
RDP Radiation Density Pattern
RCD/REPRO Record/Reproduce; Recorder/Reproducer
REPRO Reproduce
RF Radio Frequency
RHC, RHCP Right Hand Circular Polarization
rms Root-Mean-Square
RNRZ Randomized Non-Return-to-Zero
ROM Read Only Memory
RSC Reed-Solomon Code
RZ Return-to-Zero

S

SCO Subcarrier Oscillator
SFID Subframe Identification
S/H Sample and Hold
S/I Signal-to-Interference Ratio
SIM Simulated
SNR Signal-to-Noise Ratio
SR Standard Resolution
SRL Standard Record Level
SYNC Synchronization

T

TBE Time Base Error
TCRG Time Code Reader/Generator
TDM Time Division Multiplex
TG Telemetry Group
THIC Tape Head Interface Committee
TLM, TM Telemetry, Telemeter
TP Test Point
TPI Tracks Per Inch
TSC Tape Speed Compensation
TSCC Telemetry Standards Coordinating Committee
TTL Transistor-Transistor Logic

U

UBE Upper Bandedge
UHF Ultra High Frequency

2.2 - 5
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VCO Voltage Controlled Oscillator
VCXO Voltage Controlled Crystal Oscillator
VHF Very High Frequency

' VSWR Voltage Standing Wave Ratio

w

WRT Working Reference Tape

x
XMIT Transmit
XMTR Transmitter
XTAL Crystal
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3.0 TELENMETRIY SIGNALS and NOISE

J his section discusses the characteristics of xarious telemetr. signals. [he topics
addressed include:

I . Data quality

2. Premodulation filtering

T3. ransmitter and subcarrier oscillator deviation

"4. Receixer filter selection

5. Baseband spectral characteristics

6- Radio frequency spectral characteristics

7. Link analxsis

"8 Frequency modulation demodulator noise characteristics.

Both time division multiplex (TDM) and frequency division multiplex (FDM) signals
are discussed in this section. TDM systems use different time slots to send different
signals. Pulse code modulation (PCM) and pulse amplitude modulation (PAM) are
examples of TDM systems. FDM systems use different frequency slots to send
.different signals at the same time. Frequency modulation Trequency modulation
(FM FM), where several subcarrier oscillators are modulated bv different information
signals, is an example of an FDM system. Hybrid systems use both TDM and FDNI
"in the same system. An example of a hybrid system is a PCM signal on the
baseband with several higher frequency SCOs.

This section includes information on PCM signals using both frequency and phase
modulation and both non-return-to-zero (NRZ) and biphase (Manchester) codes.
Since PCM is used in most new telemeters, brief summaries of PCM characteristics
are included in subsection 3.0. Information is also presented on NRZ-PAM FM
signals. The use of noise power ratio (NPR) to simulate FM/;FM signals is also
"addressed.

3.0 - 1
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3.0.1 NRZ PCM/FM Summary

Polarity Insensitive No (Level Code); Yes (Mark and Space Codes)

DC Component Yes

Transitions Not Guaranteed

Optimum Peak Deviation 0.35 fB

Premodul: 4 ion Filtering 0.7 fB or Wider

AC Ct.:-p-ing No

BER vs SNR 11.8 dB IF SýR in Bandwidth Equal to the Bit
Rate for 10- BER (Optimum)

Bit Errors Determined by Pop Noise

Receiver IF Bandwidth Bit Rate Plus

Receiver Video Bandwidth Bit Rate/2 to Bit Rate

Preferred Bit Detector Filter and Sample

Predetection Recording Recommended

Postdetection Recording Randomization or BIO Recommended

Loop Bandwidth N/A

Demodulator Output
Polarity Known Yes

Bandwidth for 99% Power 1.16 X Bit Rate (Premodulation Filter = 0.7 fB)

Maximum Bit Rate
in IRIG 1 MHz Bandwidth 740 kb/s (Premodulation Filter = 0.7 fB)

Where fB is Equal to the Bit Rate Frequency.

3
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3.0.2 Biphase PCM/FM Summary

Polarity Insensitive No (Level Code); Yes (Mark and Space Codes)

DC Component None

Transitions At Least One Every Bit Period

Optimum Peak Deviation 0.65 fB

Premodulation Filtering 1.4 fB or Wider

AC Coupling Yes

BER vs SNR 14.8 dB IF SYR in Bandwidth Equal to the Bit
Rate for 10- BER (Optimum)

Bit Errors Determined by Pop Noise

Receiver IF Bandwidth Two X Bit Rate or Wider

. Receiver Video Bandwidth Bit Rate to 2 X Bit Rate

Preferred Bit Detector Usually No Choice

Predetection Recording Recommended

Postdetection Recording BI1 Recommended

Loop Bandwidth N/A

Demodulator Output
Polarity Known Yes

RF Bandwidth for 99% Power 2 X Bit Rate (Premodulation Filter = 1.4 fB)

Maximum Bit Rate
in IRIG I MHz Bandwidth 333 kb/s (Premodulation Filter = 1.4 fB)

"Where fB is Equal to the Bit Rate Frequency.
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3.0.3 NRZ PCM/PM Summary

Polarity Insensitive No (Level Code); Yes (Mark and Space Codes)

DC Component Yes

Transitions Not Guaranteed

Optimum Peak Deviation 900

Premodulation Filtering 1.0 fB or Wider

AC Coupling No

BER vs SNR 10.7 dB IF SNR in Bandwidth Equal to Bit Rate
for 10-5 BER (Optimum with Mark or Space Codesj

Bit Errors Determined by Additive White Gaussian Noise

Receiver IF Bandwidth As Wide as Possible Without Interference

Receiver Video Bandwidth Bit Rate or Wider

Preferred Bit Detector I/D if Filters are Wider than 0.7 fB

Predetection Recording Recommended

Postdetection Recording Randomization or BIO Recommended

Loop Bandwidth Less than 0.05 fB

Demodulator Output
Polarity Known No

RF Bandwidth for 99% Power 4 X Bit Rate (Premodulation Filter = 1.0 fB)

Maximum Bit Rate
in IRIG I MHz Bandwidth 333 kb/s (Premodulation Filter = 1.0 fB)

Where fB is Equal to the Bit Rate Frequency.

3.0-4
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3.0.4 Biphase PCM/PM Summary

Polarity Insensitive No (Level Code); Yes (Mark and Space Codes)

DC Component None

Transitions At Least One Every Bit Period

SOptimum Peak Deviation 90* (Mark and Space Codes); 750 (Level Code)

Premodulation Filtering 2.0 fB or Wider

AC Coupling Yes

BER vs SNR 11.0 dB IF SNR in Bandwidth Equal to Bit Rate
for 10-5 BER (Optimum with Mark or Space Codes)

Bit Errors Determined by Additive White Gaussian Noise

Receiver IF Bandwidth As Wide as Possible Without Interference

Receiver Video Bandwidth 2 X Bit Rate or Wider

SPreferred Bit Detector Usually No Choice

Predetection Recording Recommended

"Postdetection Recording BIO Recommended

Loop Bandwidth Less than: 0.05 fB (90*); 0.02 fB (750)

Demodulator Output
Polarity Known No (PSK Demod); Yes (PM Demod)

RF Bandwidth for 99% Power 8 X Bit Rate (900); 6 X Bit Rate (750)
(Premodulation Filter = 2.0 fB)

Maximum Bit Rate 125 kb/s (900) to 166 kb/s (750)
in IRIG I MHz Bandwidth (Premodulation Filter = 2.0 fB)

Where fB is Equal to the Bit Rate Frequency.

3.01
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3.1 NRZ PCN1/F.N

3.1.1 Introduction

Non-return-to-zero pulse code modulationjfrequenc. modulation (NRZ PCM FM) is
a combined coding and modulation method used to send digital data o'er a
transmission link. The method provides a shift in carrier frequencN of x hertz (0lz)
higher in frequency to represent one state of a binary signal (usually the ONE state)
and a shift of x hertz lower in frequency to represent the other state (usuall\ the
ZERO state) of the binary signal. The most commonly used code for PCNI FM is
the non-return-to-zero level (NRZ-L) code.1 As the name, NRZ-1, implies, the
level of the modulation stays the same until the data changes state - that is, the
level does not go to zero level between the data pulses.

The non-return-to-zero mark and space (NRZ-M and NRZ-S) \ersions are
sometimes used w-hen very long strings of either ones or zeros are expected in the
data stream. These codes are illustrated in reference I. If long streams of zeros
(but not of ones) are expected in the data stream, then the NRZ-S coding method is
used because it provides a transition for each zero in the data stream. The NRZ-M
code is used to force transitions in the data stream when long strings of ones are
expected in the data. The purpose for selecting a coding method which pro\ides
additional transitions is that the PCM bit synchronizer needs transitions to generate a
reconstructed clock of the proper phase and frequency.

The NRZ-M and NRZ-S codes have the advantage of being polarity insensiti\e.
That is, the PCM bit stream can be inverted and no change will occur in the output
of the PCM bit synchronizer. A disadvantage of using these codes is that every
isolated bit error causes the following bit to be in error also. Therefore, if one is
going to use an error-correcting code in a system where the mark or space codes
are used, the error correction encoding should be done after the data is converted to
the mark or space code.

Several other techniques may be used to prevent the problems associated with long
strings of ONES or ZEROS in the bit stream, they include: randomizing the data,
adding an odd parity bit to words that have an odd number of data bits, and using
biphase (Manchester) coding.

The intermediate frequency (IF) signal-to-noise ratio (SNR) for a bit error rate
(BER) of 1O-5 in figure 3.1-1 is approximately 11.8 dB. Increasing the IF SNR by I
dB decreases the BER to approximately 10-6. The BER will decrease by at least a
factor of 10 for each additional dB the IF SNR is increased. Decreasing the IF
SNR by 1.2 dB (to 10.6 dB) increases the BER to approximately 10-4. The BER
values will be different if the premodulation or IF filters are different than in
figure 3.1-I or if any extra encoding/decoding is used.

'Secretariat. Range Commanders Coucmil. Telernetrry Standards. W hile Sand. Mhslsih
Range. New exwico. RCC. May /986. ((RIG Standard 106-86).
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

+ NRZ-L PCM/FM 1000 1000 NONE 306 F/S
o NRZ-L PCM/FM 1000 1000 NONE 405 F/S
"* NRZ-L PCM/FM 1000 1000 NONE 350 F/S

10-2

:: 10-4
cr i

cr
cr

LU
10-5

10 -6-

• -•/'•" 10~0-7 1 ,, ,

3 6 9 12 15

IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.1-1. NRZ-L PCM/FM BER for Three Peak Deviations.
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3.1.2 Selection of Peak Det ialion

"[he optimnum peak de\iation for NRZ PCM FM is approx imatelv 0.35 times the bit
rate; i.e., a 1.0 megabit per second %ib s) bit stream should haea peak deiation
of 350 kilohertz (kttz) and a peak-to-peak deviation of 700 k .3.i . The RF

spectra for xarious peak deviations are presented in subsection 3.1.8. NMost papers
on the subject of PCI FM de\,iation use peak-to-peak ,alues (usuall\ s\.,mbolized b\
ian h). but peak de',iation is used in this document to keep PCM FM consistent \ ith
[NiFM r.M. R.AM Ni--. and PCM PM . here peak de\iation is generally used to describe
the amount of de iation. This optimum \alue of peak de,.iaxion is ,.alid when using
IF band.,idths (MBks) that are between I and 3 times the bit rate and for sstems
where the total incidental frequency modulation (IFM) is much smaller than the peak

. de, iation. Incidental frequency modulation is defined as follows: the carrier
-* dex iation produced by frequency modulation when the modulating signals are not

wanted and are internal to the 'F signal source. Typical transmitter IFM
specifications are 5 kHz peak and or 2 kflz rms. Therefore, the minimum PCM [IM
peak deviations should be 15 to 20 kHz, i.e., 3 to 4 times peak or 7.5 to 10 times
rms. The actual minimum useable peak deviation is a function of the actual
transmitter frequency stability and the receiving system frequency stabilit':. In
addition, phase modulation may be preferable to frequency modulation for low bit
rate s\stems. If the predetection bandwidth is wider than 3 times the bit rate, the
optimum peak deviation is approximately 0.35 times the predetection bandwAidth. As
an example, assume we need to transmit 64 kb.'s (NRZ-L PCI[,'FNI) and the
receiving system's narrowest IF bandwidth is 500 kHz. In addition, assume that
predetection recording and/or demodulation are not options. The IF SNR for a
10-5 BER with a 22 kHz peak deviation is approximately 10.3 dB. T'he IF SNR for

- a 10-: BER with a peak deviation of 175 kHz is approximately 7.6 dB. Htowe\er,
a better option, if available, would be to use NRZ-M ,or NRZ-S) PCMi PM with 90
degree peak deviation and a PSK demodulator. A 10- BER could be achiexed with
an IF SNR of approximately 1.8 dB (IF SNR in bandwidth equal to bit rate of 10.7
dB). Data quality, usually measured by bit error rate (BER) performance, is
affected by the amount of carrier deviation and also the premodulation filter

*-• bandwidth, predetection filter, demodulator, and bit detector characteristics.

"2Kotc/ikov 1'. .4. The Theory of Optimum .\ oite Inmmue' v. Dovcr.. '•I Yirk.

/(MIS.

3 Gagliardi. R. Vi. I;nroduct'ion to Communic•tionis Englaccrit i:. Icl), / \ci wi'k.

,4Tihuw:g.,' 7T. T.. and It it/xc. P. /I. "Carrier Tran snu lssoit of Bi t p i Data In a

'R, (cd Band." in IEEE Tran acttms on Conimnituc•lto i 'ii. COWI-I/ pp.

, ,42)-30i4. ,4uguw 170.

" (urli'r. .). E. Dlewniptr-O)iirrljii,,an,,r D)c lccii lc'forniur cc ii' ( tfih''tr ,'1id

.VR. / Cuodcd F.S!K." in I 'l. lP? , ni(1(il o ('1 (Ll iL, Ll< at pt,,nic ,) ;,n I, I•.,•.~A/E.S-/3. pp. 02-70,. Jatma~rv" / Q7
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"When peak deviation is increased to a value of approximately 0.4 times the bit rate,
the BER performance is typically degraded by a few tenths of a dB, i.e., at a BER
of I x 10-5, the degradation is in a range of 0.2 to 0.4 dB (refer to figures 3.1-1
and 3.1-2). The major cause of degradation to signal quality is the additional
attenuation introduced by the predetection IF filter at the peak deviation value, i.e.,

- - approximately 0.5 dB more attenuation is present at +400 ktiz than at +350 kttz (see
figure 3.1-3). The result is that the instantaneous IF SNR is reduced by
approximately 0.5 dB, thus producing more bit errors in the data stream due to

*"pop" noise. Another cause of additional pops (see section 3.11) with higher peak
dexiation is that the difference in frequency between the instantaneous signal

. frequency and the instantaneous noise frequency is usually larger. Therefore, the
,2-'.'probabilit\ of the noise being larger than the signal for a long enough time interxal

- to cause a pop is increased because the required time interval is inversely

proportional to the difference in frequency. An additional possible cause of
increased BER with increased deviation is that the phase linearity of the IF filter
gets worse to\,ards the band edges which produces more intersymbol interference.

. tlowexer. the signal energ\ per bit is increased by 1.2 dB, (20 log (0.4, 0.35)) which
significantly reduces the number of bit errors due to fluctuation noise (see section
3.11). Therefore, when the premodulation filter bandwidth is set to one-half the bit
rate. the degradation due to slight over deviation should be negligible. The reason

* the degradation is negligible is that the narrow premodulation filter bandwidth
-"•. reduces the amplitude of single bits of either polarity, thus increasing the

susceptibility to the effects of fluctuation noise. Therefore, with an IF bandwidth
equal to the bit rate and a premodulation filter bandwidth equal to one-half the bit
rate, fluctuation noise is the major cause of bit errors.

In the case w.here the peak deviation is decreased to a value corresponding to
approximately 0.3 times the bit rate, the bit error performance is typically degraded
b% approximatel% 0.6 dB at a BER of I x 10-5 (with the predetection IF bandwidth
set equal to the data bit rate). The reason for this degradation is that the signal
energ\ per bit is reduced by 1.3 dB, 20 log (0.3/10.35). which has the effect of
significantl\ increasing the number of bit errors due to fluctuation noise. This
increase in bit errors more than compensates for the decrease in bit errors resulting
from pop noise, because of decreased predetection IF attenuation (approximately 0.4
"dHd in figure 3.1-3).

Decreasing the peak deviation by 3 dB and 6 dB requires an increase in SNR of 2.3
and 5.2 dli at a BER of 10-. This is illustrated in figure 3.1-4. Under the

• folloxing conditions: BER = 10-5, IF BW= 1.4 x bit rate, Af = 0.35 times
bit rate and premodulation filter bandwidth = 0.7 times bit rate, approximately
one-third of the errors are due to fluctuation noise and two-thirds to pop noise.
Increasing the deiation rapidly increases the errors due to pop noise (a peak
de liation of 0.7 times the bit rate degrades the data quality by 4 to 6 dB when the
It bandx, idth is equal to the bit rate), while decreasing the deviation rapidly

* , increases the errors due to fluctuation noise. The minimum HER is achieved when
the peak de\ iation is 0.35 (-10'), +209) of the bit rate for IF bandwidths between I
and 3 times the bit rate.

A 3 ,1
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

+ NRZ-L PCM/FM 700 1000 500 CD 123 F/S
o NRZ-L PCM/FM 700 1000 500 CD 173 F/S

o NRZ-L PCM/FM 700 1000 500 CD 245 F/S

10-1

10-2

510-3

I'• rr
Wli

:;.': • 10-4-

'4,:i 10-5 -

•-.•10-6 1 1 I b, I
<' 6 9 12 15 18

,e,• TF SNR(dB) in BANDWIDTH=BIT RATE

S~Figure 3.1-4. BER for Peak DEV/Bit Rate=O.175, 0.25, and 0.35
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3.1.3 Selection of Premodulation Filter

Premodulation filters are used to reduce the baseband and RF bandwidths of the
PCM signal. The best premodulation filter is the widest linear phase filter which
allows the spectral occupancy requirements to be met. A low pass filter bandwidth
(-3 dB) having a value that is equal to or greater than 0.7 times the bit rate will
not cause a significant increase in the bit error rate. However, the use of a
premodulation filter bandwidth of 0.5 times the bit rate will degrade the
performance by I dB when the IF bandwidth is equal to the bit rate. The bit error
rates achieved while using linear phase filters were repeatedly as good or better than
the bit error rates achieved while using constant amplitude (CA) filters having the
same 3 dB bandwidth.

Figures 3.1-5 through 3.1-8 show the PCM wavetrains which result when an NRZ-L
signal is filtered at the bit rate and one-half the bit rate using 5-pole constant delay
(CD) and constant amplitude low pass filters.

"3.1.4 Direct Current (DC) Comp6nent and Alternating Current (AC) Coupling

"The level of the DC component contained in an NRZ-L data stream can vary over
"a wide range: from essentially no DC component with randomized data to essentially
100% DC when long strings of data without a transition are encountered. The use
of AC coupling eliminates the DC component. The Inter-Range Instrumentation
Group (IRIG) Standards prohibit the use of AC coupling of many NRZ-L signals by
the statement that "frequency deviation from the carrier shall be the same for each
occurrence of the same level." AC coupling should be avoided because it forces the
average value of the data stream to be zero V DC. When the number of ones and
zeros is nearly equal over any short time interval, the frequency for a one will be
f0 +x and the frequency for a zero will be f0 -x. However, if the ratio of ones to
zeros changes to three ones to each zero and the signal is AC-coupled, then the
frequency for a one will be f0 +x/2 and the frequency for a zero will be f 0 -3x/2.
The lack of balance between the ones and zeros can cause major data degradation
problems due to the effects of signal attenuation in the final IF filter of the
receiver or in any other bandwidth-limited device in the telemetry system; i.e., such
as an analog microwave link because the level that is present least often appears to
be deviated farther from the carrier, as is illustrated in figure 3.1-9. In figure
3.1-9, the DC-coupled frequencies for ones and zeros are attenuated by 0.9 dB by
the receiver IF filter. Assume the BER is 10-5. Increasing the signal by 0.8 dB
decreases the BER to 1.6 x 10-6 and decreasing the signal by 2.8 dB increases the

*BER to 10-3. Therefore, the BER for the AC-coupled signal would be:

3/4 (1.6 x 10-6) + 1/4 (10-3) = 2.5 x 10-4.

The RF power would have to be increased by 1.9 dB to decrease the BER to 10-5.
Therefore, the data quality has been degraded by 1.9 dB by AC-coupling the signal.
The degradation would be greater if the ratio of ones to zeros (or vice versa) was
larger than 3 to I. An additional problem encountered when using AC coupling is
that the energy associated with each bit in a long string of data bits without
"transitions is less than the energy in the previous bit because of the decay due to
the resistance-capacitance (RC) time constant. Therefore, NRZ signals should never
be AC-coupled unless some sort of positive control exists over the ratio of ones to
zeros (the ratio should be one). One method of achieving this control is to
randomize the NRZ signal. However, most randomization techniques cause an
"increase in the BER. Adding a parity bit does not provide sufficient control.

3.1 - 8
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3.1.5 Selection of Receiier IF Bandwidth

When using a peak deviation value corresponding to approximately 0.35 times the bit
rate, the optimum IF bandwidth is approximately equal to the bit rate. This is
illustrated in figure 3.1-10. Comparing IF SNRs in a bandwidth equal to the bit
rate, we find that 500 kb/s (IF bandwidth/bit rate = I) performs 0.2 dB better than
400 kb/s (IF bandwidth/bit rate = 1.25) and I dB better than 600 kb/s (IF
bandwidth/bit rate = 0.83) at a BER of 10-4. However, the IF SNR in a 500 kHz
IF bandwidth is I dB lower than the IF SNR in a 400 kHz IF bandwidth (10 log
(500/400)). Therefore, if we were receiving both 400 kb/s and 500 kb/s through
500-kHz IF filters, the 400-kb/s data would achieve a 10-4 BER with 0.8 dB less
actual IF SNR (or less transmitted power). A lower bit rate will always provide a
lower BER if the system is properly designed. The 600-kb/s data rapidly degrades
relative to the other bit rates at low BERs because of the excessive filtering of the
bit stream. Using an IF bandwidth equal to 1.5 times the bit rate causes a
degradation of approximately 0.7 dB, and a bandwidth of twice the bit rate causes a
degradation of approximately 1.8 dB. It is noted that when an IF bandwidth with a

¾ value equal to the bit rate is used, the receiver tuning becomes very critical. The

effect of improper tuning is illustrated in figure 3.1-11. Tuning problems can be
encountered due to transmitter or receiver frequency errors, transmitter drift, doppler
shift, receiver drift, and ground station operator error. Small tuning errors can

* produce relatively large increases in the bit error rate. The reason for the increase
in bit error rate is that the slopes of the IF bandpass filter roll off quite rapidly
outside of the receiver passband; thereby attenuating the signal when the receiver is

:4 detuned. The following example points out the effects of receiver detuning: For a
signal at 500 kb/s data rate passing through a 500-kHz IF bandwidth, the penalty is
approximately I dB for 50 kHz of detuning and 2.5 dB for 100 kHz of detuning.
For comparison, the penalty for using a 750-kHz IF bandwidth is approximately 0.7
dB, and a 1.0-MHz IF bandwidth is approximately 1.8 dB. The loss with a

",V• 100-kHz detuning error and a 750-kHz IF is approximately 1.0 dB and with a
A. 1.0-MHz IF is approximately 0.6 dB. The actual losses in a given receiver depend

on the amplitude and phase characteristics of the receiver filters. The amplitude
characteristic of some receiver IF filters is not symmetrical about the center
frequency. This causes excessive bit errors in one of the two states of the PCM
signal.

A second area of concern associated with using receiver IF bandwidths set equal to
the bit rate is that many receiver IF filters provide poor phase performance in the
vicinity of their upper and lower band edges. Degraded phase performance can

* produce intersymbol interference and distorted bit symbol waveforms resulting in an
increase in the bit error rate; especially at the lower bit error rates. Signal-to-noise
"ratio penalties of approximately I dB (0.7 to 1.4 dB) are typical at bit error rates of
"I x 10-5 with an IF bandwidth set to a value equal to the bit rate when a linear'.' phase IF filter is not used. The penalty for using a non-linear phase IF filter

decreases at higher bit error rates and for IF bandwidths which are set wider than a
01 value equal to the bit rate because the bit error rate is dominated by pop noise

under these conditions.

When PCM/FM signals are predetection-recorded, the receiver IF bandwidth should
% be set wider than the bit rate. Two major reasons for selecting the wider IF

bandwidths when using predetection recording techniques are: (6) The effective
filtering includes not only the receiver bandpass filter, but also the predetection
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE 0EV DET

+ NRZ-L PCM/FM 600 500 500 CD 210 F/S

o NRZ-L PCM/FM 500 500 500 CD 175 F/S

* NRZ-L PCM/FM 400 500 500 CD 140 F/S

10-2

@w

H-

-10-3

CC
r-In r-

-.,,: I: I

106

2] m

.¢1):'.,10-5

'10-6

3 6 9 12 15
IF SNR (dB) in BANDWIDTH=BIT RATE

Figure 3.1-i0. BER with 400. 500. and 600 kb/s in 500 kHz IF BW
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

"0 NRZ-L PCM/FM-i00 1000 10QCA 700 CD 357 F/S
"+ NRZ-L PCM/FM+iO0 1O00 IOOCA 700 CD 357 F/S
o NRZ-L PCM/FM AFC 1000 IOOCA 700 CD 357 F/S
* NRZ-L PCM/FM 1000 IOOCA 700 CD 357 F/S

10-1 , I

10-2 1
F--

r 10- 3

crCD
cr
UE

LII
-- 10-4

'4o 1 0•

10-5

I

10-6
3 6 9 12 15

I IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.1-11. BER with AFC and with 100 kHz Detuning.
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downconverter, the magnetic tape recorderjreproducer, and the predetection filter in
the demodulator- (2) The selection of the wider IF filter provides the means for% Vrecording the signal with a minimum amount of degradation. It is extremely
difficult to recoxer data which has been degraded through excessive filtering prior to
recording on magnetic tape; however, it is relatively simple to filter out excessive
out-of-band noise which is recorded on the magnetic tape. It is to be noted that
the receiver bandwidth should never be wider than approximately two times the
"predetection carrier frequency. Extremely wide IF bandwidths should not be used

-! because the noise frequency components will fold-over around the zero hertz origin
and back into the data frequencies. The result is that, when using extremely wide
IF filter bandwidths, a degradation of 3 dB in the SNR could occur.

The bit error rate, for a given unmodulated carrier IF SNR, decreases as the IF
bandwidth is increased. This is illustrated in figure 3.1-12. This is very misleading
because the IF SNR can not stay constant unless the transmitted power (or some
other parameter) is increased. A fair comparison requires that the other link
parameters remain constant while the parameter of interest is varied. This means
that the bandwidth must remain constant when other parameters are varied. Using a
bandwidth equal to the bit rate (as long as the bit rate is fixed) achieves this goal.
The bit error rate versus IF SNR for IF bandwidths wider than 3 times the bit rate
is nearly the same because the instantaneous signal suffers very little attenuation due
to IF filtering. Most receiver IF filters are quite flat over the middle 25% of their
3-dB bandwidth. However, if one plots the BER versus IF SNR in a bandwidth
equal to the bit rate (see figure 3.1-13), one can readily see that the use of wide IF
bandwidths greatly degrades the data quality. The use of an IF bandwidth equal to
three times the bit rate requires 3 to 3.5 dB more IF SNR in a bandwidth equal to
the bit rate than does the use of an IF bandwidth equal to the bit rate. This is
"equivalent to doubling the transmitted power. The use of an IF bandwidth equal to
1.5 times the bit rate usually causes a degradation of less than I dB. This is
"illustrated in figure 3.1-14.

3.1.6 Selection of Demodulator Video Bandwidth

The demodulator video bandwidth should not be set to a value which is less than
one-half the bit rate. The preferred choice is usually a value which is between 0.7
and one times the bit rate; that is, for a 700-kb/s bit rate, the video bandwidth
would be set to either 500 or 750 ktlz. Note that filtering of the demodulated bit
stream is also performed by the bit synchronizer. The use of narrow demodulator
video filters, that is, less than 0.7 times the bit rate, will have the effect of making
the PCM bit stream look "cleaner" to the eye, but may degrade the data quality.
The reason being that the amplitude of the single bits is reduced more than the
noise components. One exception does exist, if the bit synchronizer does not include
a filter, but rather only samples the incoming data bit stream, the receiver video
filter should be set to approximately 0.5 times the bit rate. The effect of video
filtering is illustrated in figures 3.1-15, 3.1-16, and 3.1-17.

3.1.7 Selection of P(NI Bit Synchronizer Bit Detector

The use of a filter and sample (F/S) bit detector in the bit synchronizer system is
usually the best choice for NRZ PCM/FM data. The only exceptions to the
recommended filter and sample detector are in applications involving either

3.1 - 14
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 NRZ-L PCM/FM 500 3000 350 CD 178 F/S
+ NRZ-L PCM/FM 500 1500 350 CD 178 F/S
o NRZ-L PCM/FM 500 1000 350 CD 178 F/S
* NRZ-L PCM/FM 500 500 350 CD 178 F/S

1 0 - 1

LUj

.- < r ,0-3

a :

CE

nLJ
10-4

-J-

6m•'p

•', -0-

-I 

10-6 1

4 3 6 9 12 15
46 IF SNR (dB)

Figure 3.1-12. BER Versus IF SNR for Several IF BWs.
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N
'N

""MODU! ATION BIT RATE IF BW PREMOD PEAK BIT
TY;:E kb/s kHz kHz TYPE DEV DET

0 NRZ-_ PCM/FM 500 3000 500 CD 178 F/S
SNRZ-L PCM/FM 500 1500 500 CD 178 F/So NRZ-L PCM/FM 500 1000 500 CD 178 F/S

0 NRZ-L PCM/FM 500 500 500 CD 178 F/S

IT 1 -T -7 -- --- 7r- ---- 7

10-2

C i0-4
Li\

m 10-5 -

10-6 4
2- o-7

x.,.. t •) I * I I I I
7: 6 9 12 15 18

~T

..,: IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.1-13. BER with IF BW/Bit Rate = 1, 2. 3. and 6.
'p3. 1
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 NRZ-L PCM/FM 1000 1500 700 CD 356 F/S
+ NRZ-L PCM/FM 1000 1500 1000 CD 356 F/S
c NRZ-L PCM/FM 1000 1000 700 CD 356 F/S
* NRZ-L PCM/FM 1000 1000 1000 CD 356 F/S

10-1 T TTi- -- - -r- i T v T

10-2

Si0- 3  2

LE
C-r
Li

10-4

1 0 6lI I I 2 I i I ii

3 6 9 12 15
IF SNR (0B) in BANDWIDTH=BIT RATE

Figure 3.1-14. BER with IF BW/Bit Rate = 1 and 1.5.
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MODULATION BIT RATE IF BW PREMOD VIDEO BITTYPE kb/s kHz kHz TYPE kHz DET

0 NRZ-L PCM/FM 1000 1000 1000 CD 500 I/D
+ NRZ-L PCM/FM 1000 1000 1000 CD 500 F/S
o NRZ-L PCM/FM 1000 1000 500 CD 500 F/S
* NRZ-L PCM/FM 1000 1000 500 CD 1000 F/S

10-1

4.. 10-2

",',, LU
- 0-3

CD
-4.:

Fr

LLU
F- 10-4

* 10-5

•.• 10-61
S3 6 9 12 15
-o IF SNR(dB) in BANDWIDTH=BIT RATE

-- '= Figure 3.1-15. BER with Video and PREMOD BWs=0.5 and I Bit Rate.
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TkY, \ KHz kL TYE z C F&

+ NRZ-L PCM,"F4M 1000 1000 700 CD 500 F//S
o NRZ-L PCMiFM 1000 1000 700 CD 750 F/S
* N --_ PCM FM 1000 1000 7130 CD 1000 F/S

T- T0 - -- -T -r - -T

10-1

10-3

CD

Cc'FF

FL

10 -1
1J ,6I I

-- 10-5

. 3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Fgqur'e 3.1-16. BER with Video BW=0.5, 0.75, and I Bit Rate.
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MODULATION BIT RATE IF BW PREMOD VIDEO BIT
TYPE kb/s kHz kHz TYPE kHz DET

+ NRZ-L PCM/FM 1000 1500 700 CD 500 F/S
o NRZ-L PCM/FM 1000 1500 700 CD 750 F/S
* NRZ-L PCM/FM 1000 1500 700 CD 1000 F/S

10-1 .. •... .. •.. T....r r r r -

,10-2 2

.-

.10-

1• 0-5

10-

cD

IJr

rr]

1 -6 I I I I I I I

3 6 9 12 15

iF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.1-17. BER with Video BW=0.5, 0.75. and I Bit Rate.
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excessive or very minimal filtering of the data. In the case involving excessive
filtering of the PCM signal prior to the PCM bit synchronizer, a sample bit detector
may provide the best results; however, most modern bit synchronizer systems do not
provide a sample bit detector as an option. In the case of an essentially unfiltered
PCM data stream, the integrate and dump (I/D) bit detector may provide improved
performance over that of the sample bit detector selection. However, the difference
in performance is nearly insignificant because most of the bit errors are the result
of noise pops under the conditions involving a wide IF bandwidth relative to the bit
rate and essentially no other filtering.

3.1.8 RF Spectra

The measured RF spectrum of pseudo-random (pseudo-noise (PN)) NRZ PCM/FM
data using a peak deviation equal to 0.356 times the data bit rate (premodulation
filter not used) is shown in figure 3.1-18. The frequency scale is relative to the
center frequency for all RF spectral plots. Approximately 91% of the spectral power
shown in figure 3.1-18 is contained in a bandwidth equal to the bit rate. The
bandwidth containing 99% of the power (NTIA occupied bandwidth) is 1.42 MHz.
This is equal to 1.78 times the bit rate. This value is quite close to the calculated
value of 1.8 times the bit rate for rectangular NRZ PCM/FM with peak deviation
equal to 0.35 times the bit rate listed by Korn. 6 The RF spectra for
pseudo-random NRZ PCM/FM with peak deviation values corresponding to 0.1,
0.175, 0.25, 0.356, 0.42, 0.5, 0.71, and 1.0 times the bit rate are presented in figures
3.1-19 through 3.1-26, respectively. The premodulation filter used was a 5-pole
linear phase filter with the -3 dB roll-off point at 800 kHz for all eight spectra.
The 99% power bandwidth versus peak deviation is shown in table 3.1-1 for four of
the peak deviations listed above.

The data presented in table 3.1-1 reveal that increasing the peak deviation from
0.356 times the bit rate to 0.42 times the bit rate increases the 99% power
bandwidth by 11.6% and also increases the IRIG -60 dBc bandwidth by 6.4%. The
"IRIG -60 dBc bandwidth is defined as the bandwidth beyond which all components
are 60 dB below the unmodulated carrier level when measured in a 3-kHz
bandwidth. Doubling the peak deviation to 0.712 times the bit rate increases the
99% power bandwidth by 43.8% and increases the IRIG -60 dBc bandwidth by
45.1%.

The effect on the RF spectrum as a result of using a variety of premodulation filter
types is shown in figures 3.1-22, and 3.1-27 through 3.1-33. The 99% power

* bandwidths, the IRIG -60 dBc bandwidths, and the percentage of the power in a
bandwidth equal to the bit rate are shown in table 3.1-2.

J.y-

6 Korn. I. "Error Prohahilitv and Bandwidth of Digital Modulation," in IEEE
Tran.sactions on Communications. IVol. COM-28. pp. 287-290. February 19,0.
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Table 3.1-1. RF Spectral Characteristics for Various Peak Deviations.

800 kb/s NRZ-L PCM/FM
800 kHz 5-pole Linear Phase Premodulation Filter

99% Power IRIG -60 dBc % of Power in
Peak Deviation Bandwidth Bandwidth BW Equal to the
kHz /Bit Rate kHz /Bit Rate (kHz) Bit Rate

200 0.25 900 1.13 1910 97.6
285 0.356 1210 1.51 2040 92.0
336 0.42 1350 1.69 2170 83.7
570 0.712 1740 2.18 2960 23.7

I,

Table 3.1-2. RF Spectral Characteristics for Various Premodulation Filters.

800 kb/s NRZ-L PCM/FM
285 kHz Peak Deviation

Premodulation 99% Power IRIG -60 dBc % of Power in
Bandwidth Bandwidth Bandwidth BW Equal to the

"(kHz) Type kHz /Bit Rate (kHz) Bit Rate

None 1420 1.78 4010 91.0
800 CD 1210 1.51 2040 92.0
800 CA 1330 1.66 2390 90.6
560 CD 930 1.16 2010 93.9
560 CA 950 1.19 2020 93.5
400 CD 890 1.11 1860 95.6

* 400 CA 890 1.11 1830 95.5
800 RC 1200 1.50 2500 92.6
560 RC 940 1.18 2500 93.7

S.4
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The data in table 3.1-2 reveal that the 99% power bandwidth is usually narrower
with a Bessel (constant delay (CD)) premodulation filter than with a Butterworth
(constant amplitude (CA)) filter. The wider bandwidth is partially the result of the
much larger overshoot of the Butterworth filter. The frequency deviation caused by
the overshoot exceeds the nominal peak deviation (in this case 285 kHz) which is
defined as the peak deviation without overshoot. The Bessel filter also attenuates
signals below the -3 dB cutoff more than the Butterworth filter; however, outside
the passband of the filter characteristic (above the -3 dB cutoff), the opposite is
true. The 99% power bandwidth and the percentage of pover in a bandwidth equal
to the bit rate agree quite closely for the 5-pole Bessel and the I-pole RC
premodulation filters. It should be noted however, that tl'_ IRIG -60 dBc
bandwidth is significantly narrower for the 5-pole Bessel tilter than for the I-pole
RC filter. The reason for the differences in the response of the filters is that the
I-pole RC filter attenuation increases significantly more slowly than the attenuation
of the Bessel filter at frequencies above the -3 dB point. The attenuation of the
two filters is similar at frequencies below the -3 dB cutoff point.

All of the RF spectra presented in figures 3.1-18 through 3.1-33 were recorded with
a spectrum analyzer resolution bandwidth of 30 kHz. The IRIG Standards specify a
3-kHz bandwidth for spectral occupancy measurements. Figure 3.1-34 is similar to
figure 3.1-18 except the resolution bandwidth has been decreased to 3 kHz and the
video bandwidth increased to 300 Hz. The sweep time in figure 3.1-34 was 15
"seconds; while the sweep time in figure 3.1-18 was 5 seconds. In order to increase
the statistical accuracy of figure 3.1-34 to the level of accuracy of figure 3.1-18
would require that the sweep time be 500 seconds. Therefore, the 30-kHz resolution
bandwidth was chosen for the spectral displays in these descriptions. To convert the
spectral amplitudes between the two filter bandwidths, it is necessary to subtract 10
dB (10 log 3/30) from the 30-kHz value if the input is white noise. When the
input contains discrete frequency components (delta functions in the frequency
domain), the amplitude at the output of both filters would be the same; this assumes
"only one discrete component within the passband of the widest filter. Therefore, if
"discrete spectral components are not present, -50 dBc with a 30-kHz spectrum
analyzer bandpass filter is essentially the same as -60 dBc with a 3-kHz bandpass
filter. In reality, many discrete spectral components are present in this case, but the
sum of many discrete spectral components looks like noise as far as the bandpass
filter is concerned. In this case, it is not possible to extend the extrapolation to a
100-Hz bandpass filter because the spectral components are spaced every
800,000/2047 Hz or approximately 391 Hz apart. Therefore, a 100-Hz bandpass
filter would resolve the individual components.

Figures 3.1-35 and 3.1-36 show the spectra that result when the bit stream contains
a repeating 16-bit word. The 16-bit word for figure 3.1-35 was
"I "11I000100110100," which is a 15-bit pseudo-noise sequence with a zero added at
the end for symmetry. The 16-bit word for figure 3.1-36 was "101000100010000,"
which is the word from figure 3.1-35 with e'ery other "I" converted to a "0." The
spectrum in figure 3.1-36 is obviously not symmetrical. The spectrum in figure
3.1-35 is somewhat symmetrical, but there are significant differences between the
upper and lower halves of the spectrum. In general, FM spectra are not
symmetrical unless the input to the FM modulator is symmetrical. For example, a
single sine wave modulating an FM generator produces a symmetrical RF spectrum.
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3.2 BIPHASE PCNI/FM

3.2.1 Introduction

"Biphase pulse code modulation/frequency modulation (PCM,/FM) is a method used to
send digital data over a transmission link. The most commonly used code for
biphase PCM/FM is the level (-L) code. This code represents a ONE by a high
level for the first half of the bit time and a low level for the second half of the
bit time. A ZERO is the exact opposite of a ONE. The advantages of biphase
PCM/FM over NRZ PCM/FM include:

1. Biphase has no DC component; therefore, AC-coupled transmitters can be
used.

2. Biphase has at least one transition every bit period. This makes bit
synchronization easier.

The disadvantages of biphase PCM/FM compared to NRZ PCM/FM include:

1. Biphase PCM/FM requires approximately twice the bandwidth of NRZ
PCM/FM.

2 Biphase PCMiFM requires approximately 3 dB more IF SNR in a
bandwidth equal to the bit rate for the same BER, compared to NRZ

PCM/FM.

3.2.2 Selection of Peak Deviation

The optimum peak deviation for biphase PCM/FM is approximately 0.65 times the
bit rate; i.e., a 1.0-Mb/s bit stream should have a peak deviation of 650 kliz and apeak-to-peak deviation of 1,300 kliz.7 This optimum value of peak deviation is

valid when using IF bandwidths that are between 1.8 and 4 times the bit rate and
for systems where the incidental FM is much less than the peak deviation. If the
predetection bandwidth is wider than four times the bit rate, the optimum peak
deviation is greater than 0.65 times the bit rate (see figure 3.2-1 ). If the
predetection bandwidth is much wider than the bit rate, biphase PCM PiM A ill
usually be a better choice than biphase PCM FM because of its better BI:R \ersus
IF SNR performance. The BER versus IF SNR performance of' biphase P(AM UM is
shown in figures 3.2-2 and 3.2-3 for peak deviations equal to 0.50. 0.65, and 0.80
ttimes the bit rate and IF bandwkidths of two and three times the bit rate. The II
SNR in a bandwidth equal to the bit rate for a 10-4 BER was 13.5 d(l for an II
bandwidth equal to twice the bit rate and 14.4 dB for an IF bandvwidth equal to
three times the bit rate with a peak de\viation equal to 065 times the bit rate.

Tai i. C. IV.. T. 7'. 17hun t ,'. and II. S Ih I " Pcr Iorrnaoc o' \, aIP Wt -HaI Id ,%ca ! 1,h I
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MCD'.LATVN BIT RATE IF BW PREMCD PEAK BIT
"T YPE kb/s kHz kHz TYPE DEV DET

+- 512-. P<M:/M 500 3000 1000 CD 325
I S Z•-L ['CNiM 500 3000 1000 CD 950

Sb.7--L ý,MiFM 500 1000 1000 CD 325

1 (-2 ,\,

,\ a\
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i:~ i
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MOUtLL AT ION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/,3 kHz kHz TYPE DEV [JET

- BIO-L PCM/FM 500 1000 1000 CD 250
Lo BIO-L PCM,/FM 500 1000 1000 CD 400
*BI$-L_ Pi(M/FM 500 1000 1000 CD 325

10-1 1 T- T IT -T- -T
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,, Fiqur~e 3.2-2. BER for Peak DEV=0.5, 0.65, and 0.8 Bit Rate.
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ST:LI ATI ON BIT RATE IF bW PHEMOD PEAK BIT

TYPE kt,,/ kHz kHz TYPE LEV LET

+ BIO-L PM/-M 500 1500 700 CD 250
e BI0-L PCM/FM 500 1500 700 CD 400

BI•--L P(ZM/FM 500 1500 700 CD 325

S ~~I (- 1 .... t- FT--- r.. r---T--• r- [--- -- T
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10-3
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.-- 10-4
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6 9 12 15 18
OIF SN(dB) in BANDWiDTH=BIT HATE

SFigucre 3.2-3. 8ER for Peak DEV = 0.5, 0.65, and 0.8 Bit Rate.
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3.2.3 Selection of Premodulation Filter

The best premodulation filter is the widest filter that allows the RF spectral
occupancy requirements to be met. A low-pass filter with a -3 dB bandwidth equal
to or greater than 1.4 times the bit rate will not cause a significant increase in the
BER (see figure 3.2-4). The use of a premodulation filter bandwidth equal to the
bit rate degrades the data quality by at least I dB for BERs of 10-4 (and lower).
The BER versus IF SNR performance is essentially the same with linear phase and
constant amplitude premodulation filters.

3.2.4 Selection of Receiver IF Bandwidth

The optimum receiver IF bandwidth is equal to approximately two times the bit rate
for biphase level PCM/FM. Reference 7 lists an optimum IF bandwidth of 1.8
times the bit rate. The variation of BER with the ratio of IF bandwidth to bit rate
is illustrated in figure 3.2-5. The IF bandwidth was fixed at 1,000 kHz (actually
measured to be approximately 1,100 kHz) and the bit rate, premodulation filter
bandwidth, and peak deviation were varied. The premodulation filter bandwidth was
set to twice the bit rate and the .peak deviation was set to 0.65 times the bit rate.
For BERs between 10-4 and 10-, the performance at 500 and 600 kb/s was
essentially the same and better than the performance at 400 and 700 kb/s. The
ratio of measured IF bandwidth to bit rate was approximately 2.2 and 1.8 for 500
and 600 kb/s, respectively. This supports the optimum IF bandwidth setting of
approximately twice the bit rate. Figure 3.2-6 shows the BER versus IF SNR
performance for bandwidths equal to 2, 3, and 6 times the bit rate. The use of
excessively wide IF filters with predetection recording should be avoided. The IF
filter should not be wider than two times the predetection carrier frequency. Also,
the biphase bit rate should not exceed one-half of the predetection carrier
frequency.

3.2.5 Selection of Demodulator Video Bandwidth

The demodulator video bandwidth should not be set to a value less than the bit rate.
There is very little difference in BER performance between video filters with
bandwidths between one and three times the bit r2te.

3.2.6 Selection of PCM Bit Synchronizer Bit Detector

Most PCM bit synchronizers do not offer a choice of bit detector type for biphase
* signals.

3.2.7 RF Spectra

Sample biphase level PCM/FM RF spectra are shown in figures 3.2-7 through
3.2-12. These spectra have spikes at the center frequency and also at multiples of

Sthe bit rate on both sides of the center frequency. The occupied bandwidth is six
times the bit rate for premodulation filter bandwidths equal to the bit rate and also
for a constant amplitude premodulation filter with a bandwidth equal to twice the

W[• bit rate for the optimum peak deviation. The occupied bandwidth is equal to eight
times the bit rate with a constant delay premodulation filter bandwidth equal to
twice the bit rate and the optimum peak deviation. The filters used for these
spectral plots were 5-pole low-pass tilters.
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3.3 NRZ PCM/PM

3.3.1 Introduction

Pulse code modulation/phase modulation with 90 degree peak deviation (PCM/PM
(90)) is a method of sending digital data over a transmission link where the carrier
phase is shifted +90 degrees to represent one state of a binary signal, and shifted
-90 degrees to represent the other state of the binary signal. The most commonly
used codes for NRZ PCM/PM (90) are the mark (M) and space (S) codes. The use
of the mark and space codes is often called differential encoding because the
information is contained in the transitions rather than the levels. The mark and
space codes are used because the demodulated output signal when a carrier recovery
loop is used has a 1800 ambiguity because changing the sign of the received signal
does not change the sign of the recovered carrier 8 . Since the NRZ-M and NRZ-S
codes are polarity insensitive, the unknown polarity does not matter.

Bit errors in NRZ PCM/PM (90) are caused by the effects of additive, white,
Gaussian noise plus intersymbol interference, timing errors, etc. This makes it
relatively simple to derive an expression for the bit error rate as follows:

BER = 1/2 erfc ( (Eb/No)i cos •)

Where:
Eb is the signal energy per bit
No is the noise power spectral density (watts/Hz)
-' is the carrier recovery loop tracking error
erfc is the complementary error function.

Note that this expression assumes unfiltered NRZ-L data and ideal bit detection.
' The BER for NRZ-M and NRZ-S is approximately twice the BER listed above

because each isolated erroneous level causes a transition error on each side of the
erroneous level.

3.3.2 Selection of Peak Deviation

The peak carrier deviation that produces the minimum bit error rate is a function of
the premodulation filter, the demodulator type and loop bandwidth, and the bit
pattern. The bit error rate is relatively insensitive to small changes in the peak
deviation. A change in peak deviation from 90 degrees to 100 degrees (or 80
degrees) with no premodulation filtering requires a 0.13 dB (theoretical value) higher
SNR to produce the same BER. Figures 3.3-1 through 3.3-5 present BER data
versus IF SNR for three different premodulation filter bandwidths and peak
deviations of 80, 90, and 100 degrees. Two different PSK demodulators were used.
Model A for figures 3.3-1 and 3.3-5 and Model B for figures 3.3-2, 3.3-3, and

'SLindscv. If'. C. and At. K. Simon. Tehlconinn anwain Siwtcens Entgineering.
Prentice-Hall. Inc.. Englewood Cliffs. AV. p64. 1973.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

O NRZ-M PCM/PM 500 3000 1000 CD 80 I/D
+ NRZ-M PCM/PM 500 3000 1000 CD 100 I/D

o NRZ-M PCM/PM 500 3000 1000 CD 90 I/D
* NRZ-M PSK THEORY

10-I 1 I ,

10-2

LU
<: 10-3
rH-

• I r

•~cc-

F 10-4-

010-5

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.3-1. BER for Peak DEV = 80, 90, and 100 Degrees.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 NRZ-M PCM/PM 500 3000 1000 CD 80 I/O
+ NRZ-M PCM/PM 500 3000 1000 CD 100 I/D
o NRZ-M PCM/PM 500 3000 1000 CD 90 I/D
* NRZ-M PSK THEORY

10-1 , , I , ,

10-2

LLU

< 10-3

M LM
io~ io -

f-r

10-1
106 ,10-5 -

10-61
3 6 9 12 15

IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.3-2. BER for Peak DEV = 80. 90, and 100 Degrees.
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MUMO iiATIGN BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

2 hZ-M PrM,/pM 500 3000 500 CD 80 I/0
, HiZ,-M m.m/ M/ M 520 3000 500 CD 100 I/D

7 hZ-,M. PCM/PM 500 3000 500 CD 90 I/D
SNRZ-M PSK THEORY

- -I I F- -T -T- I r -

LiI
L-L

~~155

3. 4

-J \,

-A \ \

.!3 63 12 1

,o;•_ :':~-A-r: HdB) irn BANLIL PZDH--BIT HATE

F ii J"• i.•- . DE•:•- fo p PF LEMOJ = B it Rate.
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MODULATION BIT RATE IF 8W PREMOD PEAK BIT
"TYPE kb/s kHz kHz TYPE DEV DET

0 NRZ-M PCM/PM 500 3000 350 CD 80 I/E
+ NRZ-M PCM/PM 500 3000 350 CD 100 I/[
o NRZ-M PCM/PM 500 3000 350 CD 90 I/E
* NRZ-M PSK THEORY

10-1

'-, CE •_ 10-3 .C)

10-5i-'
Li

;.:,

10-

- ' 1 * - I II I I I I

3 6 9 12 15
* IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.3-4. BER for PREMOD 0.7 Bit Rate.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 NRZ-M PCM/'PM 500 3000 350 CD 80 F/S
+ NRZ-M PCM/PM 500 3000 350 CD 100 F/S
o NRZ-M PCM/PM 500 3000 350 CD 90 F/S
* NRZ-M PSK THEORY

10-I I I

10-2

cr-

Cc
CcI0-

N LU

010-5

10-6 1 I ,_ __,

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.3-5. BER for PREMOD = 0.7 Bit Rate with F/S DET.
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3.3-4. There is no apparent difference in the BER performance of PSK
demodulator A with either 90 or 100 degrees peak deviation. PSK demodulator B
appears to have a slightly lower BER with 100 degrees of peak deviation than with
90 degrees. The performance with 80 degrees of peak deviation is worse than with
the other two deviations. The reason for this is that the premodulation filtering of
the data reduces the energy in the single bits and therefore a higher deviation is
required to make them closer to antipodal.

3.3.3 Selection of Premodulation Filter

The best classical low pass premodulation filter to be used with NRZ PCM/PM (90)
"is a linear phase filter with the widest bandwidth which allows the RF spectral
occupancy requirements to be met. The reason for selecting a filter with the widest

-?' bandwidth is that premodulation filtering decreases the signal energy per bit without
affecting the noise. The signal energy in a bit (Eb) is the integral of the signal
amplitude (SP(t)) squared over one bit time (T):

T ,
Eb = f si(t) dt

Table 3.3-1 presents the IF SNR in a bandwidth equal to the bit rate required to
"achieve a BER of I x 10-5 for several different premodulation filter bandwidths.
The extra SNR required to achieve a BER of I x 10-5, with a bit rate of 500 kb's
and a 3300-kHz IF bandwidth as compared to no premodulation filtering, is 0.5 dB
with a 500-kHz linear phase premodulation filter and 1.6 dB with a 250-kHz linear
"phase premodulation filter. The linear phase premodulation filters cause 0.2 to 0.3
dB less degradation than the constant amplitude filters.

Transversal filters are frequently used in satellite communication systems to minimize
the RF spectral occupancy and bit error rate. However, transversal filters will not
be discussed in this report.

Table 3.3-1. IF SNR (dB) for 10- 5 BER With NRZ-M PCM/PM
and Various Combinations of Bit Rate, Peak Deviation,
IF Bandwidth, and Premodulation Filter.

IF SNR (dB)
Bit Rate Peak Deviation IF Bandwidth •remodulation in BW=Bit Rate

(kb/s) (Degrees) (kHz) BW(kHz) Type for 10-5 BER

300 90 3300 900 CD 10.7
300 90 3300 300 CD 11.4
500 90 3300 None 10.9
500 99 3300 None 11.2

% 500 90 1500 None 11.1
500 90 1000 None 11.6
500 90 3300 1000 CD 11.1
500 90 3300 1000 CA 11.3
500 90 3300 500 CD 11.4
500 99 3300 500 CD 11.4
500 90 3300 500 CA 11.7
500 90 3300 250 CD 12.5
500 107 3300 250 CD 12.5
500 90 3300 250 CA 12.8
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"3.3.4 Selection of receiser I F Itandos idth

t he best receixer It' hand width is the filter offering the idest bandwidth which
ie cctS all ',purious out- of-band s igna IS. lhe effect of receixer IF: band" idth on

[it R is illustrated in figure 3.3-0. [he spurious signals to be rejected include
- - telcmetrr signaIs at other center frequencies and. it' the signal is to be

..predetetin-recrdd, noise that folds oxer and back across zero hertz A hen the
""--. oignal plus noise iS mixed w.ith the h)cal os,:illator. An example of the Second tspe

"is w ,.hen using a 5- H-I,, IF band wIdth and a 900-kliz predetection record carrier:
the noise Spectrum at the -3) dli points would extend from flF- - 2.5 NI1z to

\111i t ,..hile the local oscillator frequenct w.ould tspicall, be flF + 0.9 Itliz.
,I.. lhe ne at to ' 1.8 Mtz would be translated to 0.9 MILz and be summed with
"the noise that wkas translated to 0.9 MIHz from fi NlF t1z. -The net result Aould be
to. increase the noise power in the region around the predetection carrier frequenc\
h\ approx imately 3 d 13, the exact amount of the increase depends upon the shape (of
the I: filter. The effect is the same as reducing the transmitted power b\ this
.amount. Therefore, the receiver IF bandwidth should not be wider than

n"approxiiatelx, twko times the predetection carrier frecquenc., that is. a 1 .8 - MIlz IF
bandwidth for a 900-k-f'z predetection carrier. The data presented in figure 3.3-7
"1hi), an approximate Ierformance improxement of 0.4 dB when using a linear input

to the tPSK demodulator compared to using a limited input.

' 3.3.5 Selection of Demodulator Loop Bandidth

I f!he best loop bandwidth depends on the miission bit rate and the band,.width of the
incidental phase modulation. The loop bandwidth should be wide enough to track
(out an% large amplitude incidental phase modulation. One Aideband source of phase
mnodulation is transmission through an ionized gas cloud (plasma). Various rocket
-. ()hStter motors produce ionized gas clouds wxhich cause incidental phase modulation
k.ith bandwidths of sexeral kilohertz. Iho ,.wexr. if the loop bandwkidth is wider than

appr,)ximatelv 5' of the bit rate, the 1ER xit h no incidental phase modulation
Starts ti) increase.

3.3.6 Selection of Demodulator Video hand%,iidth

I he b.est den()dola tr xideo band id t h is largel\ determined b% the bit detector used
"',ee figure 1.3-8). fhe premodulation filter bandw.idth was 1000 kliz for the data
in figure 3.3-8. lhe lowest BI:R was obtained using an integrate and durnp bit

'detector and the , t(lest x ideo filter. Tlihe highest BER occurred when a \ ideo filter
( )I' (one-half the hit rate was used in conjunction with the integrate and dump bit
detect,)r. The difference in performance was approximatelv 2 dB at a 10-5 BER.

,%-- ',,hen a filter and sam ple (If S) hit detector w,,,as selected, the highest HER occurred
"A"ith the widest x ilde filter. The low.kest bit error rates wvith the F S bit detector

•. ... Are achiexeed with ,.ide( filter-, equal to( one-half of the bit rate and the bit rate.
h lie raso()n for the better I S perto,rminince wkith narrowA er filters in figure 33-8 is

S 0thait the I S bit detectr is a nmltchm-d filter Cor t .ignal ' filtered at appri(,x1m itcl\ (P -S
tjnes the hit rite I.Sim, a n:u r,,%xer bker than ince-half the hit tate will cause theI

pr ,rna ce Iti Iepr:l,,mde r:pidl,.



MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kH: TYPE DEV GET

+ NRZ-M PCM/PM LIN 500 1000 1600 RC 90 I/OD

c NRZ-M PCM/PM LIN 500 6000 1600 RC 90 T/D
* NH-C* PSK THEORY

.5-

T1- S0-1

•02

A0-4

.i0-6~ I I I' 1?

I F-SNR~ (J) irn BANDWTDT~H=BTT FATK]-
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

"+ NRZ-M PCM/PM LTD 500 6000 1600 RC 90 I/D
o NRZ-M PCM/PM LIN 500 6000 1600 RC 90 I/D
* NRZ-M PSK THEORY

10-1 I , , ,

10-2

e-
-,.x 10-3

.¢• rr-

rr

-IJ

.- 1CF6 a0-5 -

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.3-7. BER for Linear and Limited IF Signals.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

x NRZ-M PCM/PM 500 4000 250 90 F/S
X NRZ-M PCM/PM 500 4000 250 90 I/O
0 NRZ-M PCM/PM 500 4000 500 90 F/S
+ NRZ-M PCM/PM 500 4000 500 90 I/O
o NRZ-M PCM/PM 500 4000 1000 90 F/S
* NRZ-M PCM/PM 500 4000 1000 90 I/D

10-1

10-2

Lu

cc: 10-3

cc:
CD

•~r-r

LUJ

I.Il

:, 10-4

10-5

. I~~~~~0-6

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

-igure 3.3-8. BER for Video BW/Bit Rate = 0.5, 1, and 2.
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3.3.7 Selection of PCNI Bit S~nchronizer Bit Detector

i1he best PCM bit synchronizer bit detector when using NRZ PCM PNI (90) depends
on the amount of filtering performed on the signal prior to the bit synchronizer.
When the premodulation and video filter are w;der than a value corresponding to the
tbit rate and the IF bandwidth is set to a value which is equal to at least twice the
idata bit rate, then the integrate and dump (Ii'D) bit detector will probably provide

"*:-' the low~er bit error rate. When the bandwidth of the premodulation and,'or ,video
filters are narrower than 0.7 times the data bit rate and/or the IF bandwidth is les>
than 1.4 times the bit rate, the filter and sample (F/S) bit detector w,,ill probabl\
provide the lox~er bit error rate. If the total filtering is between the values
pre\iousl\ stated, then the I D bit detector is probably the better choice. This is
illustrated in figure 3.3-8. \Nhen the narrowest filter is twice the bit rate, the I I)

$* ~ detector performs approximately 1 d13 better than the F/S detector at BERs between
10-4 and 10. When the narrowest filter is one-halt' the bit rate, the F,S detector
performs approximatel\ I dB better than the I"D detector.

3.3.8 RF Spectra and Carrier Leiel

.,he optimum peak deviation for unfiltered NRZ PCM'PM is 90 degrees. This
deviation produces a carrier null (see figures 3.3-9, 3.3-10, and 3.3-11 ). As the bit
rate is increased from 50 kb/s to 500 kb/s and 800 kb's, the depth of the carrier
null decreases and discrete frequency components appear in the spectrum. These
components are caused by the finite rise and fall times of the PCM bit stream and
the finite bandwidth of the phase modulator in the RF generator. WEhen a
premodulation filter is used, a peak deviation of 90 degrees will no longer produce a
carrier null (refer to figure 3.3-12). The peak deviation required to produce a
criirier null depends on the premodulation filter bandwidth, the filter tipe and
number of poles, as well as the bit pattern of the PCM data. Wher. using a
2047-bit pseudo-noise bit stream at 800 kb/s and an 800-kliz 5-pole linear phase
premnodulation filter, the minimum carrier level occurs at a peak deviation of 99
degrees (refer to figure 3.3-13). A different peak deviation produces the minimum
carrier le el for other bit patterns for this bit rate and filter. For example, with a
bit pattern containing all ones and an NRZ-M code, the carrier is only suppressed
10.6 dli for a peak deviation of 90 degrees (refer to figure 3.3-14), but is
--uppressed b\ 30.4 dlI for a peak deviation of Ill degrees (refer to figure 3.3-15).
l his is the maximum suppression for any deviation under the conditions stated
h(..%a oe. iloweser, when the bit pattern is changed to a 2047-bit pseudo-noise

sequence, the carrier is only suppressed by II dB for a peak deviation of Ill
0 degrees (refer to figure 3.3-16). The attenuation of II dB is less than the 11.4 dlI

o)f carrier suppression produced for a peak deviation of 90 degrees under these
,jndition;. With a 400-kllz 5-pole linear phase premodulation filter, the carrier is

.-uppresed 8.6 dB (refer to figure 3.3-17) for a peak deviation of 90 degrees with a
"20,17-bit pseudo-noise sequence. The minimum carrier level occurs with a peak
of de Iiation "f 113 degrees under the abho e conditions (refer to figure 3.3-18).

w iliU" es 3.3- 19 and 3..')-20 show the RF spectra with constant amplitude

pi-t.m•rodulation filters. lhe occupied band\w.idth of' 800 kb s NRZ-,NI PENI FM is
""dctcrin ned h, the spec:trai spikes a (d iP, e(JLual to eight, six. and four times the bit
"rit' t', r pr)F prenidUlat ion filters ot 800 k1,11/ ('1), 800 kIt (' ,. and 400 k II ('I)
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3.4 BIPHASE PCM/PM

3.4.1 Introduction

There are two major types of biphase PCM/PM telemetry signals:

I. Signals with a peak deviation less than 90 degrees.

2. Signals with a peak deviation of approximately 90 degrees.

If the peak deviation is less than 90 degrees, a signal component is always present at
the unmodulated carrier frequency. The percentage of the total power contained in
this component is determined by the peak deviation, premodulation filtering, phase
modulator bandwidth, and the PCM signal bit pattern. If there is no filtering, the
remnant carrier power is proportional to cos 2 (AO) and the demodulator output
signal power is proportional to sin 2 (Ag) where AO is the peak
deviation. Therefore, the use of a peak deviation of 60 degrees results in a signal
power loss of at least 1.25 dB compared to the use of a 90-degree peak deviation.
The signal loss for a 75-degree peak deviation is only 0.3 dB with no filtering.

* If there is sufficient carrier power present, a phase-locked loop (PLL) can be used
to track the carrier component and therefore provide a reference signal to the phase
demodulator. As the percentage of the total power remaining in the carrier is
increased, the demodulated signal amplitude will be reduced proportionately.
However, if the carrier component is too small, the PLL will not be able to
maintain accurate phase lock at low SNRs. Therefore, a trade-off must be made
between carrier power and signal power. Peak carrier deviations between 60 degrees
and 75 degrees are usually used for biphase PCM/PM with a carrier-tracking phase
"demodulator. However, if a premodulation filter bandwidth of twice the bit rate or
less is used, peak deviations of 90 degrees can be used successfully with a
carrier-tracking demodulator. The carrier is attenuated by approximately 12 dB with
a linear phase premodulation filter at twice the bit rate and a peak deviation of 90
degrees (see figure 3.4-1). If a peak deviation of 90 degrees is used with a
carrier-tracking demodulator, the system designer must make sure that the actual
peak deviation cannot produce a carrier null under worst case combinations of
deviation sensitivity and bit stream amplitude.

When a peak deviation of approximately 90 degrees is used, a PSK demodulator can
• be used to demodulate the signal with or without a carrier null. A PSK
-•• demodulator reconstructs a carrier signal and uses this signal to coherently detect the

modulation. The two most common types of PSK demodulators use a Costas loop or
"a squaring loop to reconstruct the carrier signal. Both techniques have a 180-degree
phase ambiguity problem which means that the polarity (inverted or normal) of the
"detected signal is unknown. If carrier lock is lost, the detected signal, after lock is
reacquired, has a 50% chance of being inverted compared to the signal before carrier
lock was lost. Therefore, the mark and space versions of biphase are usually used

<' when a PSK demodulator is used. The carrier-tracking demodulator does not have a
polarity reversal problem and therefore biphase level is usually used in biphase
PCM/PN systems when sufficient carrier level is present to allow the demodulator to

Strack the carrier. The bit error rate for biphase level is approximately one-half of
the bit error rate for biphase mark and biphase space.

3.4 1
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3.4.2 Selection of Peak Deviation

Bit error rate data is presented in figure 3.4-2 for peak deviations of 60, 75, and 90
degrees. The bit rate was 500 kb/s, the IF bandwidth was 4000 kHz, and a
1000-kHz 5-pole constant delay premodulation filter was used. This data shows that
a 75-degree peak deviation performed about 1.2 dB better than a 60-degree peak
deviation under these test conditions. This difference is slightly larger than the 0.95

~ .• dB predicted for non-filtered data. The additional degradation is due to the fact
that the premodulation filtering reduces the effective amplitude per bit. This
reduces the effective deviation which causes a reduction in sin 2 (Az). The
reduction in sin 2 is larger for small AO than for large A6 with the

P. same proportional reduction in AO.

Comparing biphase level PCM/PM with peak deviations of 75 degrees and 90
degrees, we find that a peak deviation of 90 degrees performs 0.3 to 0.4 dB better
than a peak deviation of 75 degrees. The carrier level was -12 dBc with a
90-degree peak deviation and -7 dBc with a 75-degree peak deviation. Therefore,
"carrier lock will be lost 5 dB sooner with a 90-degree peak deviation than with a
75-degree peak deviation. However, under these test conditions, the PCM bit
synchronizer (loop bandwidth of 0.3%) lost lock before a PM demodulator with a
l-kHz loop bandwidth did. A Costas loop demodulator provided the same BER
performance as the PM demodulator, but the unknown polarity when using biphase
level would present a problem for many applications. Switching to biphase mark
causes the BER to approximately double. This is equivalent to a 0.3-dI3 Yenalty at
a 10-5 BER, a 0.5-dB penalty at a 10-3 BER, a 0.9-dB penalty at a 10- BER, and
a 2-dB penalty at a BER of 10-1. Therefore, biphase mark with a 90-degree peak
deviation should perform much the same as biphase level with a 75-degree peak
deviation at a BER of l0-5. This is also shown in figure 3.4-2. Biphase level with
a 75-degree peak deviation has a measurably lower BER than biphase mark with a
90-degree peak deviation for BERs larger than 10-3.

Bit error rate data is presented in figure 3.4-3 for a premodulation filter equal to
the bit rate and peak deviations of 60, 75, and 90 degrees. Again, a peak deviation
of 75 degrees performs approximately 1.2 dB better than a deviation of 60 degrees.
However, under these conditions, a 90-degree peak deviation and biphase level
coding perform approximately I dB better than a 75-degree peak deviation at a BER
of 10-5. A 90-degree peak deviation and biphase mark coding perform better than
a 75-degree peak deviation and biphase level coding for BERs less than 10-.

* 3.4.3 Selection of Premodulation Filter

The data presented in figures 3.4-4, 3.4-5, 3.4-6, and 3.4-7 show that the bit error
performance is essentially the same for constant amplitude and constant delay filters
having the same bandwidth. These data also show that the BER penalty for using a
premodulation filter with a bandwidth equal to the bit rate instead of a
premodulation filter equal to twice the bit rate is 1.5 + 0.5 dB when the IF
bandwidth is at least three times the bit rate. The penalty is approximately 1.8 dB
with a 60-degree peak deviation, 1.5 dB with a 75-degree peak deviation, and 1.0

. dB with a 90-degree peak deviation for an IF bandwidth of eight times the bit rate.
With an IF bandwidth equal to twice the bit rate, the penalty for using a
premodulation bandwidth equal to the bit rate is 1.2 + 0.2 dB. The penalty for
using a premodulation filter equal to twice the bit rate is approximately 0.3 dB
when compared to no premodulation filtering.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 BI-L PCM/PM 500 4000 1000 CD 60
+ BI0-L PCM/PM 500 4000 1000 CD 75

o BI0-L PCM/PM 500 4000 1000 CD 90
* BI-M PCM/PM 500 4000 1000 CD 90

10-1 I , , I I

"10-2

H-

Lii

I
4

3 9121

ik rr-

S10-4

J10-5

I

'0-6 ,
S3 6 9 12 15

SIF SNR(dB) in BANDWIDTH=BIT RATE

SFigure 3.4-2. BER for Peak DEV =60, 75, and 90 Degrees.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE 0EV DET

0 BI-L PCM/PM 500 4000 500 CD 60
+ BI0-L PCM/PM 500 4000 500 CD 75
0 BI--L PCM/PM 500 4000 500 CD 90
* BIO--M PCM/PM 500 4000 500 CD 90

10-1

S10-2

Lii

-p0-

CEC

.,, < 10-4•

S~CE

•_ 10-5
I---

10-6

3 6 9 12 15
"IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.4-3. BER for Peak DEV = 60, 75, and 90 Degrees.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE • kb/s kHz kHz TYPE DEV DET

0 BI1-L PCM/PM 500 4000 500 CA 60
+ BIO-L PCM/PM 500 4000 500 CD 60

o BIO-L PCM/PM 500 4000 1000 CA 60
-: * BI0-L PCM/PM 500 4000 1000 CD 60

10-2

ffi

-:r I 10 -

,__._

•-', CC 0-

CD
cr:
CE
"LLU

.10-4

-10-5

-11S

"10-6 1

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

;.>-

Figure 3.4-4. BER for Peak OEV=60 DEG and PREMOD=1 and 2 Bit Rate.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

"0 B60-L PCM/PM 500 4000 500 CA 75
+ BI0-L PCM/PM 500 4000 500 CD 75
0 BI0-L PCM/PM 500 4000 1000 CA 75
* BI0-L PCM/PM 500 4000 1000 CD 75 MON

10-3

T

C)

i~mii

410-4

NN

3 6 9 li i5
u:SNR (dB) in BANDWIDTH=BI i

Figure 3.4-15. BER for Peak DEV=75 DEG and PREMOD=1 and 2 Bit Rate.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT

TYPE kb/s kHz kHz TYPE DEV DET

O- B-M PCMiPM 500 4000 500 CA 90
a.+ Bi-M PCM/PM 500 4000 500 CD 90

0 BI0-M PCM/PM 500 4000 1000 CA 90
* * BIO-M PCM/PM 500 4000 1000 CD 90

10-1 r 1 , , V

. 0-2

010-3

C)

_ 10-4

•...0 0-5

.• o--6 I I I I I

3 6 9 12 15
IF SNR(dB) in BANDWIDTH:BIT RATE

Figu-re 3.4-6. BER for Peak DEV=90 DEG and PREMOD=1 and 2 Bit Rate.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

-I

050
0 BIO-L PCM/PM 500 1500 500 CA 75
+ BI0-L PCM/PM 500 1500 500 CD 75
o BI0-L PCM/PM 500 1500 1000 CA 75_ * BI0-L PCM/PM 500 1500 1000 CD 75

10-1 ,

10-2
0

V HI

LuJ

•HI-- 10-3

•I• i0i3

,a:
CD

:•{,,

10-4
m

3 6 9 12 15

0.1 F SNR (dB) in BANDWIDTH=BIT RATE

Figure 3.4-7. BER for IF BW=3 Bit Rate and PREMOD=l and 2 Bit Rate.
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Figure 3.4-8 shows a biphase lexel PCM signal which has been low-pass filtered at
twice the bit rate. Figure 3.4-9 shows a biphase level PCM eye pattern with a low
pass filter at 1.4 times the bit rate.

3.4.4 Selection of Receier IF Bandvvidth

The effect of different IF filter bandwidths on the bit error rate is shown in figures
3.4-10, 3.4-11, and 3.4-12. These data show that an IF bandwidth of eight times
the bit rate performs approximately the same as an IF bandwidth of twenty times
the bit rate. An IF bandwidth of three times the bit rate causes an SNR penalty of
approximately 0.5 dB when compared to an IF bandwidth of eight times the bit rate.
An IF bandwidth of two times the bit rate causes an SNR penalty of approximately
1.3 dB when compared to an IF bandwidth of eight times the bit rate.

3.4.5 Selection of Demodulator Loop Band-Aidth

The best loop bandwidth is a function of the mission bit rate and the bandwidth of
the incidental phase modulation. The loop bandwidth should be wide enough to
track out any large amplitude incidental phase modulation. The BER with no

Ne,. incidental phase modulation starts to increase if the loop bandwidth is wider than
approximately 2% of the bit rate for a PM demodulator and 5% of the bit rate for
a PSK demodulator.

"3.4.6 RF Spectra

Radio frequency spectra are presented in figures 3.4-13 through 3.4-26 for 400 kb/s
pseudo-random biphase PCM/PM with various premodulation filters and peak
deviations of 60, 75, and 90 degrees. Figures 3.4-13 and 3.4-14 show the spectra
that result with no premodulation filter. The IRIG criteria of 60 dB below the
unmodulated carrier is not met in a 20-MHz bandwidth under these conditions. The
occupied bandwidth is approximately eight times the bit rate for premodulation

', filters whose bandwidth is equal to the bit rate and twelve to sixteen times the bit
rate for premodulation filters whose bandwidth is equal to twice the bit rate. The
sideband levels are higher for larger peak deviations and generally higher with
constant delay (CD) premodulation filters than with constant amplitude (CA)
premodulation filters.

•%",

V'.

I,.",2

*"• 3.4 - 10

e4..



¶u

& ~CU

~4-J

~4-J

LIn
af)

(n E

2: CIL

u) CDi

> ~zQ

ILUi LUi
(1n 1a c
U) CD CD CIL

aLr

cl) -,z m

LCLU

T f) F-

cuwLi (r)

0D.

C)r

L.L

(51I7OA) ioni I-ldHV

3.4 - 11



4-)

'i-_

.rII

Q~co

LUI

a) ij C) a
> CD

ID CD 4-

cT) N CD L-
mm = C

CC) v4-'
0I -4-'

-0 LUJ
v F- CD

U)

C)-

LnL
CD

0* -4

*-1 0

(Si7OA) ]Gflii~d~v

3.4 - 12

L-6



MODULATION BIT RATE IF BW PREMOD PEAK BIT

TYPE kb/s kHz kHz TYPE DEV DET

+ BI0-L PCM/PM 500 1000 1000 CD 60

o BI0-L PCM/PM 500 1500 1000 CD 60

* BIO-L PCM/PM 500 4000 1000 CD 60

10-1  , ,

10-2

LUJ
1 0-3

cc i

LU

•_ i0-4 _
10

_ 10-6

3 6 9 12 15

IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.4-10. BER for Peak DEV=60 DEG, IF BW/Bit Rate=2, 3, and 8.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 BIO-L 2CM/PM 500 1000 1000 CD 75
+ BI0-L PCM/PM 500 1500 1000 CD 75
o BI-L PCM/PM 500 4000 1000 CD 75
* 8IO-L PCM/PM 500 10000 1000 CD 75

10-1 1 IT T T

. 10-2

LL
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CD
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CT
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 BI-M PCM/PM 500 1000 1000 CD 90
+ BIO-M PCM/PM 500 1500 1000 CD 90
o BI0-M PCM/PM 500 4000 1000 CD 90
* BI-M PCM/PM 500 10000 1000 CD 90

10-1

LL,

.•.5 10-1

". Q

II
I 0

10-6

3 6 9 12 15

IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.4-12. BER for Peak DEV=90 DEG, IF BW/Bit Rate=2, 3, 8, and 20.
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3.5 PHASE SHIFT KEYING

Phase shift keying (PSK) is a method for transmittina digital data in which the
carrier is multiplied by +1 if one state of a binary digital signal is to be
transmitted, and -1 if the other state is to be transmitted. This produces two
signals which are exact opposites of each other (antipodal). The multiplication is
usually accomplished using a double-balanced mixer. The usual implementation is as
a differential PSK (DPSK) signal where the information is contained in the phase
changes (amplitude inversions) rather than in the absolute phase %alues. This solke.
the polarity inversion problem at the demodulator output (see section 3.3). DPSK
involves the use of an NRZ-M or NRZ-S wavetorm instead of an NRZ-I,
wavveform. The performance of PSK is very similar to the performance of
PCM/PM(90). The major differences include:

1. If the signals applied to the double-balanced mixer are properly adjusted.
the spectral spikes can be minimized or eliminated entirely. Therefore, the
occupied bandwidth of a PSK signal may be narrower than the occupied
bandwidth of a PCM/PM (90) signal.

2. A PSK signal where the modulating signal has been filtered does not hae
a constant amplitude (see figure 3.5-1). If this PSK signal is passed through a
device with a non-linear amplitude response, the occupied bandwidth increases.
Therefore, if the carrier is amplitude modulated before the final amplifier
stage, the final amplifier must be operated in the linear region. This reduces
gain and efficiency. The other option for spectral control is to use a bandpass
filter after the final amplification. Small, low loss, stable, narrow band.
inexpensive filters are difficult to build at 2 Gliz.

. 3. The insertion loss of double-balanced mixers is typically 6 to 7 dB. This
means that the signal must be amplified more to make up for this loss.

4. The modulator for PSK is simpler than the modulator for PCNI;PNI.
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3.6 PULSE AMPLITUDE NIODULATION/FREQUENCY MODULATION

3.6.1 Introduction

The terms pulse amplitude modulation PAM) and frequency modulation (FN)
indicate a modulation technique 9 , 10 , 1 1,12 in which the analog information signal is
"periodically sampled and the samples are used to frequency modulate the carrier
signal. The NRZ-PAM/FM technique is easily employed in analog systems designs
since it only requires a commutator (electronic switch) to produce the amplitude
levels. PAM is the simplest form of time-division multiplexing (TDM) for analog
source signals because the samples of data are transmitted without conversion to
,another form. A very important requirement of PAM, as with any TDM s~stem, is

that the decommutator be correctly synchronized with the commutator. As a result,
it is necessary to include synchronization signals in the commutated data. The IRIG
Telemetry Standards specify that the synchronization pattern for NRZ-PAM shall be,
in the order given: zero scale for a period T, full scale for a period 3T, and a
level not to exceed 50% of full scale for a period T, where T = I/(PAM channel
rate). The channel immediately following this pattern is defined to be channel 1.
Data channels cannot be properly sorted out until the decommutator recognizes the
synchronization pattern, thus identifying the time space allotted to each data channel.

There are two major sampling methods for NRZ-PAM. These methods are
frequently referred to as flat-top and natural sampling. These methods are
illustrated in figures 3.6-1 and 3.6-2, respectively. The difference between the
methods is that a sample-and-hold circuit is part of the commutator circuitry with

*,, flat-top sampling. When natural sampling is used, the signal variations during the
sampling time are passed on as part of the PAM signal (figure 3.6-2).

"3.6.2 RF Deviation

The most commonly used values for NRZ-PAM peak RF deviation are 125 k-lz for
PAM channel rates below 50 kCh/s and 2.5 times the PAM channel rate for rates
above 50 kCh/s, e.g., a 100 kCh/s PAM signal would typically use a 250 kliz peak
deviation. A peak deviation of 2.5 times the channel rate will result in a raw
decommutator output rms noise level of approximately 2% of full scale for a 12 dB
IF SNR and a receiver IF bandwidth between 1.2 and 2 times the peak-to-peak
PAM RF deviation (this assumes that the rms value of incidental FM is less than
1% of the peak-to-peak deviation). The peak-to-peak transmitter deviation should

* be at least 50 times the peak incidental FM expected for frequencies between 50
kllz and the PAM channel rate.

"9 Tauh. II. and D. L. Schilling. Prnciph'c% of Comnonication Sl'vetvs. .1cGraw-11I1t.
* S. Vew l'or~k. pp 162-179, 1971.

.Gin

",IGrcgg. If'. D. Analog, and Digital Conzrnwication. John ilth'ev and Sons, .'wct
, •-York. pp 267-294. 1977.

IIDwvning. J. J. Aerospace Telemetryi, Volume I. (ed. v tH. L. Stilt: i.
-• Prcntice-tall. Englewood Cliffs. NJ. pp ,3-141. 1961.

212t(tl'h , 1). D tandhook of Telemctry and Rciote Control. (cd. hV 1. 1

*6 Gruenhcrg,). ,IcGi-awv-till. New York, pp 9-2 to 9-19A. 1967.
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3.6.3 Premodulation Filter

The recommended premodulation filter bandwidth for NRZ PAM is twice the PAM
channel rate13. The filter should be a 4- to 6-pole linear phase low-pass filter. A
I-pole RC filter can also be used. The primary disadvantage of a I-pole filter is
that the PAM baseband and RF spectra roll off more slowly.

3.6.4 SNR at Output of NRZ PANI Decommutator

An equation which can be used to calculate the signal-to-noise ratio (SNR) at the
output of a PAM decommutator will be described in this section. It has been
assumed that the receiver is above FM threshold and that all noise is due to
wideband, white, Gaussian noise at the demodulator input. This equation will relate
the rms noise to full scale signal (peak-to-peak). In other words, if the rms value
of the noise is I% of full scale (100 mV rms noise for 0 V to 10 V output) the
SNR will be 40 dB (20 log (10/0.1)). Other publications have used various
definitions of SNR. A common one is to define the signal as the rms value of a
full scale sine wave. The definition used in this section gives SNRs which are 9 dB
greater than the rms sine wave definition. The full scale signal definition is used
here because most error analysis is done as a percentage of full scale. This section
will also show plots of the effects of noise on DC signals and triangle waves for

* various SNRs.

A typical PAM decommutator can be modeled as a linear phase low-pass filter
followed by a synchronized sample and hold. The typical low-pass filter bandwidth
is equal to the PAM channel rate. Therefore, the output SNR (in dB) can be
calculated using the normal equation for low-pass filtered FM above FM threshold:

(12 BIF)1/ 2 Af

(S/N)PAM = SNRIF + FCORR + 20 log( }
(BLPF)

3 / 2

"where:
FCORR is the correction factor due to non-ideal filters
SNRIF is the IF SNR
BIF is the IF equivalent noise power bandwidth
BLPF is the low-pass filter bandwidth
Af is the peak deviation.

Typical values for FCORR are -3 to -6 dB depending on the number of poles in
% the filter and the accuracy of the -3 dB point.

0,

4 ,,

13theherling. E. D. An Experimental Evaluation of the Characteristics of
PA.1!-NRZ!FM! Telenieirl, Sy'.tenrs, Naval Ordnance Laboratory' Corona. Corona.
California, Septeniher 1967. (NOLC Report 741).
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Assume:
25 kCh/s PAM
BIF = 640 kHz equivalent noise power bandwidth
Af= 125 kHz peak deviation
SNRIF = 15 dB IF SNR
FCORR = -6 dB filter correction factor

"27 then:
"[12 (640)]1/2 125

(S/N)pAM = 15 - 6 + 20 log( ( = 47.9 dB(25)3/2

The measured SNR under these conditions varied between 47 and 48 dB. The
calculated SNRs agree well with the measured SNRs for IF SNRs between
approximately 12 and 20 dB. This is illustrated in figure 3.6-3. At higher IF
SNRs, other sources of noise are also significant. The maximum PAM output SNR
was approximately 60 dB for the hardware and test parameters used in this test. At
IF SNRs below 12 dB, the noise at the input to the PAM decommutator includes
"pop" noise. Therefore, the SNR is much lower than predicted by the equations.

The PAM decommutator also has trouble keeping track of the proper time to sample
the signal. The PAM output SNR decreased by 3 dB when the IF SNR decreased
from 15 to 12 dB, by 9 dB when the IF SNR decreased from 12 to 9 dB, and by
15 dB when the IF SNR decreased from 9 to 6 dB.

The PAM output SNR is also lower for signals near 0% or 100% of full scale than
for signals near 50% of full scale when the IF SNR is below 12 dB. This is shown
in figure 3.6-4. There are two main reasons for this degradation:

I. The number of noise pops is proportional to the difference between the
signal frequency and the average noise frequency.

2. The receiver IF filter usually attenuates signals deviated towards bandedge
*more than signals in the center of the bandpass.

The receiver bandpass filter used for the data shown in figure 3.6-4 was skewed
towards a frequency higher than the center frequency. Therefore, the average noise
frequency was between 50% and 100% of full scale. This caused the 0% full scale
signal to have the most noise pops and the lowest SNR.

Sample unfiltered PAM decommutator output noise time domain plots are presented
in figures 3.6-5 through 3.6-13. In these figures, the PAM channel rate was 25
kCh/s, the peak deviation was 125 kHz, and the receiver IF bandwidth was
approximately 640 kHz. These figures show the increase in noise as the IF SNR is
decreased. Figure 3.6-10 shows the effects of the average noise frequency being
higher than the receiver center frequency. The largest noise spikes in figure 3.6-10
go towards 100% of full scale. The reason for this is that the average noise
frequency is greater than the 50% full scale signal frequency. Figures 3.6-11 through
3.6-13 show the effects of noise on a triangular modulation signal for IF SNRs of
12, 9, and 6 dB respectively.

The calculations presented above assume that there is no additional filtering at the
channel outputs of the PAM decommutator. The noise consists of a series of pulse-
with duration equal to the time between samples of the signal being monitored and
amplitude equal to the error between the actual output and the correct value . The

3.6 - 5
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normalized power is equal to the rms error squared. This produces a noise powAer
spectrum which takes the form of:

k sin2 -rf,fs) (rfyfS) -

where fs is the sampling rate of the signal and k is proportional to the rins error
squared.

We can now calculate the S,,N at the output of a lovw-pass filter following the raw
decommutated output (output gate). The filter improvement was calculated by
numerically integrating the product of the noise power spectrum and the filter
response. This was done for a 4-pole Bessel filter and a I-pole RC filter for
,arious filter cutoffs relative to the sample rate (see table 3.6-1).

Table 3.6-1. SNR improvement for various low-pass
filters after docummutated output
(compared to raw decommutated output).

, SAMPLE RATE/ SNR IMPROVEMENT (dB)
FILTER CUTOFF 4-POLE BESSEL 1-POLE RC

1 0.7 0.7
5 4.1 3.65

10 6.9 5.9
20 9.8 8.5
40 12.7 11.3

Measured improvements were within 0.5 dB of the values in Table 3.6-1 for It-
SNRs above 8 dB. The data in Table 3.6-1 shows that if we sample a function
1000 times per second and use a 100 Hz RC filter on the output we reduce the
noise by nearly 6 dB compared to no filter.

3.6.5 Other Sources of Error in PANI

"% d There are several other sources of error (differences between source signal and
decommutated output) in a PAM system. These sources are usually insignificant at

.., low IF SNRs but may be dominant at high IF SNRs. The sources include:

I. Incidental FM in either transmitter or receiver

2. Nonlinearities in either transmitter modulator or receiver demodulator

3. Crosstalk with adjacent PAM channels

4. Tape recorder flutter

5. Crosstalk with other signals modulating the same transmitter

6. Gain and offset errors in the sehicle signal conditioner

'Vl•1 7. Noise in the vehicle instrumentation package, telemetry receiver, or PAM
-7decommutalor.

"Because of the many sources of error, PAM systems are usually specified to have
absolute accuracies between 2 and 5 percent of full scale.
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3.6.6 NRZ PANI/FNI Receier IF Filter

4. The best receiver IF filter bandwidth (-3 dB) will usually be between 1.2 and 1.5
times tF-' RF peak-to-peak deviation as long as the ratio of peak RF deviation to
PAM ci .,fnel rate is greater than 2. If the PAM signal is recorded in a
"predetection format, the best receiver filter bandwidth will probably by closer to
twice the peak-to-peak RF deviation. This will allow the use of a filter on the
recorder output of approximately the same bandwidth as the receiver filter. If the
received signal is strong enough that the demodulator is always above FM threshold,
the data quality will be slightly better with wide IF filters because they will tend to
hae better phase characteristics in the region the signal occupies. Therefore, the
step response will be better and the crosstalk less. The disadvantage of wide IF
filters is that they pass more noise and therefore FM threshold occurs sooner. The
PAM data quality degrades rapidly below FM threshold so it is very desirable to
remain above FM threshold. Narrow filters pass less noise and therefore the
instantaneous signal amplitude is more likely to be greater than the instantaneous
noise amplitude. However, narrow filters are more sensitive to receiver tuning
"errors and RF frequency drift. A filter with a -3 dB bandwidth equal to the
peak-to-peak RF deviation would also attenuate the signal amplitude by 3 dB when
"the PAM signal is at either 0% or 100% of full scale. Therefore, the 0% and 100%

" signals would reach FM threshold 3 dB before the mid-scale signals. Since the 0%
and 100%'X signals are used for calibration of the PAM decommutator, this could also
degrade the accuracy of the mid-scale signals.

3.6.7 NRZ PANI/FM Receiver Video Filter

"The receiver video filter should be a linear phase filter with bandwidth at least
twice the PAM channel rate. This allows the decommutator to perform the filtering
of the signal. The receiver video output must be DC coupled because the PAM
signal usually contains a large DC component which varies in amplitude.

3.6.8 PANI Baseband Spectra

The baseband NRZ PAM power spectrum has an overall shape of:

"% [sin 2 (irf/fp)I / (1rf/fp)2

where fp is the PAM channel rate.
%"

The exact spectrum depends on the amplitudes of the individual PAM channels.
PAM signals are usually filtered by a 4- to 6-pole linear phase low-pass filter with

*.-. a -3 dB point of approximately twice the PAM channel rate before they modulate a
VCO or transmitter. A sample NRZ PAM baseband spectrum with a 4-pole filter is
illustrated in figure 3.6-14. A linear phase filter is used to minimize the overshoot,
"crosstalk between adjacent channels, and the settling time.
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3.6.9 NRZ PANI/FNI RF Spectra

The RF spectrum of an NRZ PAM/FM signal depends on the amplitude distribution
of the PAM channels, the peak deviation, and the premodulation filter bandwidth.
Typical NRZ PAM/FM spectra are illustrated in figures 3.6-15, 3.6-16, and 3.6-17
for 25 kCh/s PAM with a 50 kHz 5-pole linear phase premodulation filter and peak
deviations of 50, 125, and 250 kHz. Figure 3.6-18 presents the spectra of the signal
in figure 3.6-16 with the premodulation filter removed. Comparing these two
figures we discover that the bandwidth that contains most of the energy is
approximately 275 kHz in both figures but the -60 dBc bandwidth is much greater
without a premodulation filter. Figure 3.6-19 shows the RF spectrum of a 50 kCh/s
NRZ PAM/FM signal with a peak deviation of 125 kHz and a premodulation filter
bandwidth of 100 kHz.

The bandwidth which contains most of the signal energy is approximately:

2(peak deviation + PAM rate/2).

The bandwidth beyond which all signals are 60 dB below the unmodulated carrier
with a 4- to 6-pole linear phase premodulation filter with -3 dB bandwidth equal to
twice the PAM rate is approximately:

2.5(peak deviation + 3 PAM rate).

I
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3.7 FNM/FMI TELEMETRY

3.7.1 Introduction

A typical FM,/FM system block diagram is presented in figure 3.7-1. The
transmitting system consists of several SCOs which are at different, compatible

.- frequencies. A list of Inter-Range Instrumentation Group (IRIG) standard SCO
frequencies is contained in the current issue of the Telemetry Standards IRIG
106-XX. The 1986 Telemetry Standards (IRIG 106-86) includes constant bandwidth
(CBW) SCOs with center frequencies between 16 kHz and 1024 kHz and peak
de,,iations from 2 kHz to 128 kHz and proportional bandwidth (PBW) SCOs with
center frequencies between 400 Hz and 560 kLlz with peak deviations of 7.5%. 15"n.
and 30% (the frequencies below 22 kHz are only used with 7.5% peak deviation).
The SCO operates as a linear voltage-to-frequency converter. Therefore, the output
frequency minus the SCO center frequency will be proportional to the input voltage.
The center frequencies and deviation limits of the SCOs should be chosen to be
compatible with the bandwidths of the input data signals, the available radio
frequency (RF) spectral bandwidth, and the receiving equipment. The nominal IRIG
deviation ratio is five. Deviation ratio is defined as the ratio of the maximum
allowable subcarrier peak deviation to the discriminator low-pass cutoff frequency.

3.7.2 FM/FM SNR

The SNR at the output of an FM demodulator will be discussed in this section.
The signal and noise power at the output of an FM demodulator well above FMI
threshold can be described by the equations:

"i. (Kd)2 (Afsi) 2

* =

2 (Kd) 2 G(f) f2

N(f) =
A-

,,A where:where: S> Signal at FM demodulator output

N = Noise spectrum at FM demodulator output
A'-/2 = Signal power at FM demodulator input

"�- , G(f) = Noise power spectral density at FM demodulator input
Kd Disci iminator gain constant
Afsi =Peak deviation of ith subcarrier,

Note that the noise power spectral density is proportional to the square of
the frequency.

3.7- 1
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The following equations haxe been presented b\ several authors 14.15,16,1 7

The SNR (power ratio) at the output of an ideal low-pass filter can be
shown to be:

(N3 (Afl)2 BIF (SN)IF
(S' N')LpF =

2 (fc) 3

where:
(S N)iF is the IF SNR

BIF is the IF bandwidth
fc is the low-pass filter bandwidth.
Afi is the peak RF deviation of the ith subcarrer.

The SNR at the output of an ideal bandpass filter can be approximated by:

(Af) 2 BIF (S/N)IF
(S/'N)BPF

2 (f-) Bi

r vwhere:

fi is the center frequency of the subcarrier
Bi is the bandwidth of the subcarrier discriminator bandpass filter.

These two equations can be used to calculate the approximate SNR of any FM
signal.

The SNR (power ratio) at the output of a subcarrier discriminator can be calculated
by substituting the SNR at the output of the bandpass filter for the SNRIF and the
subcarrier IF bandwidth for the receiver IF bandwidth in the lowpass filter case:

,,:3 (Ati)2 (Afsi1) BIF SNRIF

SNRdi 
3-A 4 (fi)2 (fc)3

.1

a

-I. /I. and Rauch, L.L. Radio Tclhnwtrt. J. IIicv. 1956.

/ -1( \'/lo. K. "Voiwv and Bandwidth In I'A! fI-I Radio h'nit'rtnc,". IRE
pp 19-22, Ma. 1957.

16 Ro cn. C. "System Transmission Pfaranw't'rs 1)c'ov,' i for Thre'hold J"e'r!'orr)lan'('0", In

Itroc'ccdinm, of the International Telentc'rin' ('of(crc'ru'e. I ol. IA. pp 145-1,S2.
%r. 19S3.

/17 R'chwlr, R.J. "Sutmmar' and Disco u.ion of Si.'nal-to-\'oi c Ratio impeoV('Clent
"-, For mulat' for I '1 and F.Ml .'tII. I nk ". in Pt occ(dill/n, of Owhe Iticrutaltotal
*, 1"'Tcli'mtmcirinti (onfcrc'nwe. V"ol. III. pp 221- 255. I6
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This SNR is the ratio of the power in a full scale sine wave to the noise power.
To convert this to rms noise relative to full scale signal one would multiply the
previous equation by 8 and take the square root.

This gives the following equation:

2.45 (Afi) (Afsi) (BIF SNRIF)I/ 2

SNR f (fc) 3 /2

This equation will be used in this report. It allows direct comparisons with PAM
and PCM data quality. This equation appears to imply that the output SNR is a,-,function of BIF. However, SNR1F Is inversely proportional to the IF bandwidth.
Therefore, the BIF term cancels out.

The major assumptions that were made in deriving these expressions were:

I. The receiver noise power spectral density (PSD) was constant and the I--
"filter gain was constant over the bandwidth BIF and zero everywhere else.

,_. The noise PSD was constant in the discriminator bandpass.

3. The discriminator bandpass filter gain was constant over the bandit 31

and zero everywhere else.

4. The low-pass output filter gain was constant over the band from zero to fc
and zero everywhere else.

5. No intermodulation products were introduced in the system.

"6. No interchannel interference was present.

7. The SNR was high enough that the noise did not capture the demodulator
and cause pops.

8. No other noise sources were present (60 cvcle, tape flutter, etc.).

The accuracy of these assumptions will now be discussed.

1. This affects signal and noise approximately the same and therefore should
have no significant effect on SNR.

2. This assumption is quite good for narrow band channels but not very good
for +30% channels. The noise at the output of an FM demodulator increases
at 6 d1B/octave. Therefore, the noise power/Hz at 0.7 fi is approximately 5.4
".113 less than at 1.3 fi' However, this does not significantly affect performance
"above FM threshold. If the subcarrier discriminator reached FM threshold
before the receiver discriminator this could cause the majority of noise pops to
be towards higher frequency because the average noise frequency would be
greater than the discriminator center frequency.

3.7-4
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.-• 3. This assumption has little effect at high deviation ratios (greater than 2)
above FM threshold. At a de',iation ratio of 1, a modulating signal , ith a
frequency equal to the low pass filter cutoff will be attenuated by 6 dB (3 dB
due to BPF, 3 dB due to LPF) while the noise may only be attenuated by I
dB (3-or 4-pole filters). The discriminator bandpass filter will attenuate a
lower bandedge or upper bandedge signal b% approximately 3 dB. Therefore, a

-- ' signal at bandedge will reach FM threshold sooner and have more noise below
FM threshold than a signal at bandcenter. This is illustrated in figure 3.7-2.

4. This assumption is fairly good for 7-pole Butterworth filters with the -3
dB point at the listed cutoff. Some discriminators use 3-pole Butterworth

-" filters with the -0.5 dB point at the listed cutoff. This causes approximately
"6.5 dB more noise power at high deviation ratios (3 or greater). Bessel filters

*, ~typically pass 3-4 dB more noise than the theoretical brickwall filter. The
effects of low-pass filter type and number of poles are shown in figures 3.7-3
through 3.7-7. Reference 4 also includes plots of these errors.
".-.• 3. and 4. The cumulative filter error varies from 6-7 dB optimistic for a

signal at the low-pass cutoff frequency and any Bessel Ilow-pass filter at a high
deviation ratio to I dB pessimistic for a deviation ratio of I and a frequenc\
at less than 1,12 of the low-pass cutoff frequenc\.

5. This assumption is fairly good for IF SNRs below 20 dB. At low IF SNRs
the thermal noise tends to swamp the intermodulation distortion. The amount
of intermodulation distortion depends on the linearity of the modulator and
demodulator and the phase linearity of the receiver IF filter.

6. This assumption is valid for high deviation ratios (3 or greater) and IF
SNRs below 20 dB. For a deviation ratio of I and a 40 dB IF SNR the

. interchannel interference can be at least 10 dB larger than the noise.

7. Receiver noise pops should be insignificant for SCO frequencies above 10
kHz with receiver IF SNRs greater than 12 dB. Noise pops are insignificant
for all SCO frequencies for receiver IF SNRs greater than 18 dB. The actual
onset of FM threshold varies somewhat for different receiver designs. Ignoring
noise pops at a 12 dB IF SNR can lead to an optimistic estimate of SNR for
low frequency channels. The data in figure 3.7-8 show the measured receiver
output noise power at a frequency of 5 kltz for peak deviations of 50, 100,
150, and 200 kHz (500 kHz IF bandwidth) and IF SNRs from 8 to 15 dB.
This data shows that the measured and calculated noise at a 12 dB IF SNR
agreed well when the peak deviation was 50 kttz but the measured noise power
increased by approximately 1.5 dB when the peak deviation was increased to
"200 kHz. The excess noise due to pops at a 9 dB IF SNR was 4 d13 for 50

",eN ktz peak deviation, 8 dB for 100 kHz peak deviation, and 19 dlI for 200 klHz
peak deviation. The same measurements were also made at a frequency of 100
k Hz. The excess noise due to pops with a 9 dB IF SNR and 200 kltz peak
deviation was only I dB.

-,. */

"Ihe data in figures 3.7-9 through 3.7-14 show both measured and calculated
'.' idiscriminator output SNRs for various test conditions and assumpt ions. Ih,' units of

"the vertical axes are dB with respect to full scale (dlI:S). This is defined as 20
times the logarithm (base ten) of the ratio of the discriminator
"bandedge-to-bandedge voltage swing to the rms noise \otage. eg. 20 mV rmn miN, eo
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with 20 V peak-to-peak signal gives 60 dBFS. The modulation inputs to the SCOs
were DC levels for these tests. The data in figures 3.7-9 and 3.7-10 show that use
of the ideal assumptions predicts SNRs that are 2 to 6 dB too large for IF- SNRs
between 10 and 15 dB. The data in figures 3.7-11 and 3.7-12 include corrections
for all the significant error effects except noise pops. The predicted and measured
SNRs agree very well at IF SNRs of 12 and 15 dB. The low frequency channels
"have a I to 2 dB error at a 10 dB IF SNR due to the effects of noise pops. The
errors are much larger at lower IF SNRs. This data also shows that the receiver
noise pops affect the lower frequency channels much more than the higher channels.
The data in figures 3.7-13 and 3.7-14 show that the SNR of a signal at upper
bandedge is 4 dB lower than a signal at bandcenter for a deviation ratio of one and
I dB lower for a deviation ratio of four at a 12 dB IF SNR. The large degradation
at a deviation ratio of one is caused by the fact that the signal at bandedge is
"attenuated relative to the noise near bandcenter. Overall, the data in figures 3.7-9
through 3.7-14 suggest that use of a 6 dB correction factor (F) would provide
a conservative estimate of discriminator output SNR for most conditions.

"3.7.3 Transmitter Deviation

An FM/FM system should be designed so that the subcarrier discriminator bandpass
* SNRs are greater than the receiver IF SNR. If this is not the case the subcarrier

discriminator will reach FM threshold before the receiver demodulator. The
discriminator output noise will then be much worse than predicted by the equations
"in this report at a 12 dB IF SNR. A good rule of thumb is to always have:

(Afi) 2 BIF
> 2

2 fi2 Bi

or
Afi > 2 fi (Bi/BIF)I/2

Therefore, the peak deviation of a 5.4 kHz PBW SCO which will be received with a
500 kHz IF bandwidth should be at least 0.435 kHz.

Another good rule of thumb is to have the rms deviation of each SCO be at least
"10% of the total rms deviation. This minimizes the probability that system
non-linearities will introduce enough spurious signals to significantly degrade data
quality. For example, a PBW multiplex of 7.5% channels from 1.7 to 93 kHz with a
theoretical 9 dB/octave taper would have 52 dB more amplitude in the 93 kHz SCO

',V. than the 1.7 kHz SCO. This would overstress the dynamic range of the telemetry
'V transmit, receive, and record system. Increasing the rms deviation of the lowest 8

channels to 10% of the original total rms deviation would increase the total rms
deviation by less than 4%.

The first estimate transmitter deviation can be calculated if one knows the required
minimum data quality for each channel. Let us assume that the telemetry analysts
"would like to have the peak-to-peak noise (±2 sigma) due to the telemetry R F link
at a 12 dO If- SNR be no greater 2% of the channel bandedge-to-bandedge voltage.

3 '1
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This is achieved when the rms value of the noise is less than 0.5% of full scale
(SNR = 46 dBFS). Using this value in our corrected SNR equation (filter correction
factor (r) = 6 dB) results in:

6 (Afi) 2 (Afsi) 2 BIF
SNR = 10 log { } + SNRIF - r

6 (Afi) 2 (Afsi) 2 BIF
46 =10 ng ( + 12 - 6

(fi)
2 (fc)

3

40.8 f, (fc) 3 /2
Af Afsi (BIF)1/ 2

Let us further assume that we need a PBW multiplex of ± 7.5% channels with center
frequencies from 1.7 to 93 kHz, deviation ratios of 5, and a 500 kHz receiver IF
bandwidth. The peak deviation of the 93 kHz SCO should be:

* 40.8 (93) (1.395)3/2
Af 9 3 = kHz peak

. 6.975 5001/2

"" Af 9 3 = 40.1 kHz peak or 28.3 kHz rms.

The rms deviation of the total signal will be approximately 1.3 times the rms
Sdeviation of the highest frequency subcarrier or 36.8 kHz. Another reasonable

Vrule-of-thumb is that the rms deviation should be approximately one-sixth of the
receiver IF bandwidth. This means the total rms deviation for a 500 kHz IF

V bandwidth should be approximately 83 kHz. If we double the values calculated
using the equation we would get a total rms deviation of approximately 75 kHz.
This means that each of the lower frequency SCOs should have an rms deviation of
approximately 7.5 kHz or a peak deviation of 10.6 kHz. This is approximately
one-eighth of the deviation of the 93 kHz channel (now 80.2 kHz peak). Since the
deviation of fixed percentage PBW SCOs changes by a factor of 8 when the center
frequency changes by 4, we only have to calculate the deviations for the channels
"with center frequencies above 23 kHz. Our equation is now:

2 (40.8) (fi) (fc) 3 /2
•.'•.•'"Afi -

Afsi (BIF)I/2

2 (40.8) (70) (1.05)3/2

-. ~~70 = 5.25 (500)1/2

AN -= 52.4 kHz peak

S3.7 20
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SSimilarly we get:
Af52.5= 34 kHz peak
Af 4 0  = 22.6 kHz peak
Af 3 0  = 14.7 kHz peak

Af22 = 10.6 kHz peak

'Af 14 .5  10.6 kHz peak

Afl.7 = 10.6 kHz peak.

The overall rms transmitter deviation is approximately 77.3 kHz. We have designed
an FM/FM system which will provide data quality that exceeds our requirements by
a minimum of 6 dB. However, we have assumed no error due to tape recorder
effects such as tape speed or flutter.

Let us now assume that we need to add a 165 kHz ± 15% SCO to the multiplex to
% transmit a 40 kilobit per second (kb/s) signal for a special test. We need to

guarantee that the subcarrier discriminator will reach FM threshold later than the
receiver demodulator. Therefore, the minimum peak deviation is:

SAfl65 = 2 (165) ((165)(.3)/500)1/2

,Af165 = 104 kHz peak or 73.4 kHz rms.

If we now reduce the peak deviation of the other SCOs to the minimum values
calculated earlier (with a minimum of 12 kHz peak) we get deviations of:

Afl165 = 104 kHz peak
Af 9 3  = 40.2 kHz peak
Af 7 0  = 26.2 kHz peak

Af52.5 = 17 kHz peak

,Af40 12 kHz peak
Af 30 = 12 kHz peak

Afl 7  = 12 kHz peak

* This gives a total rms deviation of 86.6 kHz.

This is slightly more than one-sixth of the receiver IF bandwidth. This is tolerable
"because most of the signal energy is in the 165 kHz SCO. The maximum desirable
peak deviation if only one SCO is present is approximately 0.4 times the receiver IF
bandwidth. The maximum desirable SCO frequency is also approximately 0.4 times
the receiver IF bandwidth.

3.7 - 21
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3.7.4 Receher IF Bandwidth

The "best" receiver IF bandwidth is a function of the maximum SCO frequency, the
transmitter deviation, and the link analysis. The main disadvantages of a wide
receiver IF bandwidth are:

1. FM threshold is reached sooner.

2. If the signal is being predetection recorded, the tape speed may have to be
increased because the predetection carrier frequency should be at least one-half
of the IF bandwidth.

The main disadvantages of a narrow IF bandwidth are:

"•'S i. The receiver RF tuning becomes very critical.

2. The video output distortion increases.

3. The receiver may reach FM threshold sooner at the maximum deviation
excursions.

Some general rules-of-thumb for receiver IF bandwidth are:

" . 1. The IF bandwidth should be at least 2.5 times the highest SCO frequency.

2. The IF bandwidth should be at least 6 times the transmitter rms deviation.

3. The IF bandwidth should be narrow enough so that the probability of
being above FM threshold is sufficiently high.

The discriminator output SNR is independent of the IF bandwidth when the signal
is above FM threshold (no noise pops) and the distortion is much smaller than the
video noise. Receiver IF bandwidths are usually only available in discrete steps with

a step size between 50 and 100 percent. It is usually desirable to choose the
narrowest IF bandwidth that meets I and 2 above.

Sr

"3.7.5 Effect of Adjacent Channel or Co-channel Interference on FM/FNI
Discriminator Output

This section will describe a method that can be used to calculate the amplitude at
the discriminator output due to an interfering sine wave whose amplitude is less
than the desired signal. Assume that the discriminator input can be described by:

A sin (27rflt) + B sin (27rf 2 t + q)

r.0, where A sin (21rfit) is the desired signal.

( 3.7 - 22
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The frequency of the spurious signal at the discriminator output will be
"[fl - f21. The amplitude at the discriminator output will be:

B Kd If1 -f 21 GIF(f2) GLPF(Ifl-f 2 [)

"A GIF(fl)
where:

"Kd = Discriminator gain constant (V/Hz)
GIF(f) = Discriminator bandpass filter voltage gain at frequency f
GLPF(f) = Discriminator output lowpass filter voltage gain at frequency f.

As an example, let us calculate the interference between two adjacent CBW "A"
channels when the lower channel is at UBE and the higher channel is at LBE. We
will assume a 48 kHz discriminator with input signals at 50 and 54 kHz. The
frequency of the interfering signal will therefore be 4 kHz. The measured values of
gain and voltage were:

B/A = 0.984

Kd = 2.5 V/kHz
GIF( 5 4 ) = 0.160
GIF(50) = 0.816

* GLPF(4 ) = 0.186.

- Therefore, the calculated output amplitude at 4 kHz is:

Amplitude = 0.984 (2.5) (4) (0.16) (0.186)/(2 (0.816))

Amplitude = 0.254 V rms.

The measured amplitude at a frequency of 4 kHz was 0.249 V rms. These values

a-, agree very well.

As a second example let us assume we have a 48 kHz desired signal with an
interfering signal at 48.4 kHz whose amplitude is one-tenth of the desired signal.
The frequency of the spurious component will be 400 Hz (148 - 48.41 kHz). The
calculated amplitude is:

0.1 (2.5) (0.4) (1.0) (0.993)/(2 (0.999)) = 0.0703 V rms.

• The measured amplitude under these conditions at 400 Hz was 0.0694 V rms.

If either the desired or the undesired signal is modulated, the instantaneous spurious
output can be calculated as shown above using the instantaneous amplitude and
frequency of both signals. This method also works when there is more than one
undesired signal. The measurements were made using a pulse averaging

-4 discriminator. Other types of discriminators may have a loop filter gain that must
7 also be included.
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.v. 3.7.6 Record Level for Tape Recorder

Figures 3.7-15 and 3.7-16 show the effects of recording a non-preemphasized CBW
multiplex at normal record level (0 dBN) and at one-half of normal record level (-6
dBN). Normal record level is the rms input voltage of a sine wave at one-tenth
upper bandedge which produces I percent third harmonic distortion. Figure 3.7-15
shows that the distortion terms are only 30 dB below the signals with a 0 dBN
input. Figure 3.7-16 shows that the largest distortion terms are approximately 38 dB
below the signals with a -6 dBN input. The noise is smaller than the distortion is
both cases. Therefore, the best record level for an FM/FM multiplex will
frequently be less than 0 dBN.

3.7.7 Effect of Tape Recorder Flutter and Speed Error on FM/FM Data Quality

FM/FM data accuracy is directly related to the difference in instantaneous tape
speed at the time of recording and at the time of playback. The error can also be
increased by any tape speed errors during tape copying (dubbing). Typical
specifications for laboratory recorders give absolute tape speed accuracy of ± 0.1% in
tachometer mode and ± 0.01% in tape servo mode. The typical flutter in tachometer
mode at 30 ips is 0.2% peak-to-peak (2 sigma value) or 0.05% rms. Recorders in
severe environments can have errors of ten times these values. If we reproduce data
from a tape copy and make worst case assumptions (laboratory recorder) we can
have a tape speed error of 0.4% (all operations in tachometer mode) and a flutter
"error of 0.1%o rms. The effect that this will have on data quality varies with the

. percentage deviation of the subcarrier channel. The smallest percentage deviation
channel is the 176A channel which has a specified maximum peak-to-peak deviation
of 4 kHz which is 2.27% of the center frequency. A speed error of 0.4% translates
to an error of 17.6% of full scale. An rms flutter value of 0.1% translates to rms
noise of 4.4% of full scale. The narrowest PBW channels have maximum deviation
limits of ± 7.5%. This translates to a speed error of 1.3% of full scale and a flutter
"error of 0.33% of full scale. These errors can be gre",tly reduced by the use of a
properly damped tape playback servo system, tape speed compensation, and/or digital
time base correction.

3.7.8 Preemphasis

Preemphasis is the process of increasing the amplitude (deviation) of the higher
frequency and wider bandwidth SCOs to keep the SNRs at the discriminator
bandpass outputs nearly the same for all channels with the same data quality

* requirements. The SNR (voltage ratio) at the output of the bandpass filter is
directly proportional to the SCO peak deviation, and inversely proportional to the
SCO center frequency and the square root of the discriminator bandpass bandwidth.
Therefore, the SCO peak deviation should be proportional to the product of the SCO
center frequency and the square root of the discriminator bandpass bandwidth. The
equation for calculating SCO peak deviation provides the proper preemphasis for
each SCO. Figures 3.7-17 through 3.7-21 show typical baseband spectra for CBW
and PBW multiplexes with and without preemphasis. Figure 3.7-20 illustrates the

e problem of using a straight 9 dB/octave preemphasis for a PBW multiplex. The low
frequency signals disappear. Figure 3.7-21 shows the same signal with a minimum

%_ rms deviation of 10% of the total rms deviation.

3.7 - 24
S-



00

C-

C)

I -3

CS) CD

i IZ-CDC

CD < LI

C-D -

c-cc:

coo

(A P in in ___ __ __ _ _ ___ _

3.7 - 2

RUM.l A._ _



4-J

C-

(DI

I Cuj

C-
0

<c a)

T-)

,CD C-
I- 0

_ _ _ __ ___ (D 4-1

IDC Lu4.

LUL

CEI

UU

u a)
TV' I a.

0.

I______C)
CD CD (D CD CDU

K(AP P) lncuifo ]~oflo~diH

3.7 - 26



cn a)

CL

57~
0.i

LL0

E

I- D D

CE

CD CD

U) U

C-D

C-)

C-

0 1Z)

(sHH ilVIOI ;0 %) iGflhI~dHV 03S

3.7 - 27



.-

en w.

_ _ 0)

Lii (0

Ir2~ -1-

C-C)

CD ___>-

D E

-[: 4-j

CD f
U)

CT) u

7r)
CD

H--

Clr
CD- C: C

LLL

(sv4H 7v101 40 %) ion JIT7CJV4V 038

3.7 - 28



E-

a-,

0~0

LUU

cD E-

Zn LL -

3:f LUi -4-

:-- LL

LU
J)

cc

H--

00)

L CL

CD C CD

(SvoH 7V01 4 %) ]orii~dvJ 008

3.7 - 29



I U)
U)

af a)E

LCL

LUi CD

m

CDD

0)

z
SLUJ

0) ED

F-- LL- u

3Z CD CfL

D mn
CCf)

LU

cc'

tm

aa

LOL

(SHU ilViOl JO %) 3oflhI-dW~V 003

3.7 - 30



CL,

E

c.r-

C>

C) I_-

LUJ C,)

LU L
C-))

CD L,

LL

DLUU

crin
L) I

::D

a) *

m i

C) Lo

C-
cn%a
LL

3.7 - 31



3.7.9 FM Spectrum With Single Sine Wave Modulation

We can represent a sine wave carrier which is frequency modulated by a single sine
' wave byl8:

f(t) = cos (Wct + Pi sin wmt)

f(t) = cos (Wct) cos (8 sin wmt) - sin (wct) sin (P sin wmt)

f(t) = Jc(P) Cos (Wct) - Jl(o) [cos (wc - Wm)t - cos (wc + Wm)t]

+ J2(0) [cos (wc - 2 wm)t + cos (wc + 2 wm)t]
- J 3(0) [COS (wc - 3 wm)t - cos (wc + 3 wm)tl

where:
wc = Frequency of carrier in radians/sec.
Wm = Frequency of modulating signal in radians/sec.
0 = Peak deviation/frequency of modulating signal
Jl(8) = ith order Bessel function of the first kind.

The amplitude of the remnant carrier is J0 (8), the amplitudes of the sideband
pairs spaced ±cwm away from the carrier are Jl(8), etc. The
unmodulated carrier amplitude is assumed to be I. Table 3.7-1 lists the amplitude
(in dBc) of Jl(x) for I = 0, 1, 2, 3, 4, 5, and 6 and for x = 0.1 to 5.0 in steps of
0.1. The value of -18.79 dBc for J 2 (l.0) means that the theoretical amplitude of
the components at wc ± 2 wm will be 0.1149 times the unmodulated
carrier amplitude for 9 = MI = 1.0. This is illustrated in figure 3.7-22.

"If we modulate a carrier with a single sine wave, we can use the relative amplitudes
of the carrier components to determine the peak deviation. This is commonly done
using either the first null of the carrier or the first null of the first sideband. If
we look at table 3.7-1, we find that J 0 has a minimum at approximately 2.4 and Jl
has a minimum at approximately 3.8. The actual values of MI for the first two
carrier nulls are approximately 2.40482 and 5.52008 while the first null of JI occurs
at approximately 3.83171. If the modulation amplitude is set to a very low value
and the amplitude increased slowly until the first carrier null occurs, (monitor
modulated carrier on spectrum analyzer), we find the amplitude which produces a
peak deviation of approximately 2.405 times the modulating frequency. At this MI
the amplitude of the second sideband should be at least I dB lower than the
amplitude of the first sideband and the amplitudes of the higher order sidebands
should decrease rapidly. This is illustrated in figure 3.7-23. We can also use the
relative amplitudes of the sidebands to calculate the effective peak deviation in
situations where we may not be able to vary parameters to achieve a null. The
equations in table 3.7-2 allow one to calculate the approximate modulation index for
0.1 < M! < 1.6 from the difference in amplitude between J 0 and J1 .

18 Panter, P. F. Modulation, Noise, and Snectral Anal'isi, McGraw-Hill, New York,
pp. 236-270, 1965.
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Table 3.7-1. FM Sideband Power Ver5u5 MI.

FM SIOEBANO POWER (dBc)

MI Jo Ji J2 33 J4 i5 J6
.10 -.02 -26.03 -58.07 -83.63 -131.69 -171.689 -213.27
.20 -. 09 -20.04 -46.05 -75.58 -107.62 -141.60 -177.16

.30 -. 20 -16.58 -38.04 -65.05 -93.56 -124.01 -156.04

.40 -. 35 -14.15 -34.10 -57.59 -83.58 -111.S4 -141.07

.50 -. 55 -12.31 -30.28 -51.82 -75.88 -101.88 -129.47

.60 -.80 -10.85 -27.20 -47.13 -68.58 -84.00 -120.00

.70 -1.10 -8.66 -24.61 -43.18 -64.28 -87.35 -112.01

.80 -1.45 -8.66 -22.40 -38.78 -58.72 -81.61 -105.10

.80 -1.86 -7.83 -20.48 -35.81 -55.70 -76.56 -89.01
1.00 -2.32 -7.13 -18.78 -34.17 -52.12 -72.05 -93.58
1.10 -2.86 -6.54 -17.29 -31.80 -48.80 -67.88 -88.68
1.20 -3.46 -6.05 -15.85 -28.66 -45.88 -64.28 -84.22
"1.30 -4.15 -5.65 -14.75 -27.72 -43.31 -60.81 -80.12
1.40 -4.83 -5.32 -13.67 -25.83 -40.85 -57.78 -76.35
1.50 -5.82 -5.07 -12.68 -24.30 -38.58 -54.80 -72.84
1.60 -6.83 -4.88 -11.80 -22.79 -36.48 -52.21 -68.57
1.70 -8.00 -4.76 -11.00 -21.40 -34.52 -48.70 -66.52
1.80 -8.37 -4.71 -10.28 -20.10 -32.68 -47.34 -63.65
1.90 -11.00 -4.71 -8.63 -18.81 -30.98 -45.13 -60.95
2.00 -13.00 -4.78 -8.05 -17.78 -28.37 -43.05 -59.40
12.10 -15.57 -4.91 -8.53 -16.76 -27.86 -41.08 -55.88
"2.20 -19.14 -5.10 -8.07 -15.79 -26.44 -39.221 -53.70
_230 -25.11 -5.35 -7.66 -14.80 -25.10 -37.46 -51.52
-240 -52.01 -5.68 -7.31 -14.06 -23.83 -35.78 -49.46

2.50 -26.31 -6.07 -7.01 -13.28 -22.64 -34.20 -47.48
2.60 -20.28 -6.54 -6.76 -12.57 -21.51 -32.68 -45.60
2.70 -16.83 -7.10 -6.57 -11.90 -20.45 -31.25 -43.81
2.80 -14.65 -7.75 -6.42 -11.29 -18.44 -29.88 -42.09
2.80 -12.88 -8.51 -6.32 -10.72 -18.49 -28.57 -40.44

3.00 -11.70 -8.39 -6.217 -10.20 -17.58 -27.32 -38.87
3.10 -10.69 -10.43 -6.26 -8.72 -16.74 -26.14 -37.36
3.20 -8.88 -11.66 -9.28 -15.83 -25.00 -35.91

3.30 -8.26 -13.13 -6.41 -8.80 -15.18 -23.91 -34.51
3.40 -8.77 -14.83 -6.56 -8.56 -14.46 -22.88 -33.18
"3.50 -8.40 -17.24 -6.77 -8.25 -13.79 -21.89 -31.89
3.60 -8.14 -20.40 -7.04 -7.89 -13.16 -20.95 -30.66
3.70 -7.88 -25.38 -7.36 -7.76 -12.57 -20.04 -29.47

3.80 -7.980 -37.84 -7.76 -7.58 -12.02 -19.18 -28.33
* 3.80 -7.92 -31.29 -8.23 -7.43 -11.50 -18.36 -27.24

4.00 -8.02 -23.60 -8.77 -7.33 -11.02 -17.58 -26.18
4.10 -8.21 -19.72 -9.41 -7.26 -10.58 -16.84 -25.17

% 4.20 -8.48 -17.16 -10.16 -7.24 -10.17 -16.13 -24.18

4.30 -8.85 -15.29 -11.02 -7.26 -8.80 -15.45 -23.25

4.40 -8.31 -13.86 -12.04 -7.33 -9.46 -14.82 -22.35
4.50 -9.88 -12.73 -13.24 -7.44 -8.15 -14.21 -21.49

4.60 -10.57 -11.82 -14.68 -7.60 -8.88 -13.64 -20.65
4.70 -11.39 -11.08 -16.45 -7.80 -8.65 -13.10 -19.85
4.80 -12.38 -10.50 -18.71 -8.06 -8.45 -12.59 -19.08
4.90 -13.57 -10.04 -21.80 -8.38 -8.28 -12.11 -18.36

%

5.00 -15.01 -8.68 -26.64 -8.76 -8.15 -11.66 -17.65
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Table 3.7-2. Coefficients of equation for using Jo/J1
(dB) to calculate MI for MI < 1.6.

Min Max Max
Jo/Jd Jo/J 1  a0  al a 2  error

16.5 26 1.1237 -0.06922 0.001150 0.0017
10 16.5 1.4582 -0.10886 0.002532 0.0007

6 12.7 1.4992 -0.11530 0.002601 0.0004
2.5 7 1.4540 -0.10191 0.001545 0.0009
3.5 6 1.4560 -0.10233 0.001546 0.0002

-2 2.5 1.4345 -0.08780 -0.001232 0.0010

MI = a 0 + a1x + a 2 x2

where:
x = Jo/J 1 (dB) or Jo (dB) - Ji (dB)

MI = peak deviation/modulating frequency

Many modern spectrum analyzers allow the measurement of the difference in
amplitude between two components simply and accurately. The equations in table
3.7-2 are useful when the higher order components (02, J3, etc.) are at least 5 dB
lower in amplitude than the smaller of J0 and Ji. This occurs when the modulation
index is less than approximately 1.6. The equations were developed by fitting a
least squares curve of the form MI = a0 + aix + a2 x2 to the ideal values for MI,
J 0 (MI), and JI(MI). The accuracy of these equations is better than 0.5% for J0 /J1
< 20 dB. As an example, assume than J0 is 6 dB larger than J I and ,11 other
components are at least 10 dB lower than J1 . The fifth set of coefficients has the

.- lowest maximum error of the sets that include 6 dB for J 0 /Jl. Using this equation
we get:

Ml = 1.456 + (-0.10233)(6) + .001546 (6)2

MI = 0.8977.

"If the sine wave modulation frequency is 100 kHz then the peak deviation is 89.77
kHz. The modulation frequency is the difference in frequency between any two
adjacent spectral components. If we look up 0.9 on the Bessel table in table 3.7-1

T we get J0 = -1.86 dB and J = -7.83 dB.A
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3.7.10 RF Spectrum of an FNI/FNI Multiplex

An RF carrier that is frequency modulated by the sum of N sine waves can be
represented by:

fc(t) = cos [Wct + 61 sin (wit + 01) + 82 sin ((2t + 02) + . • - + On sin (Wnt + On)]-

It can be shown that the amplitude at frequency:

Wc t alw1 w± a 2 w2 ± . . . ± anwn

is equal to: Jal(fi) Ja2(02) . . . Jan(On)

or in dB: JaI(Wi) + Ja2(02) + + Jan(On).

This will be illustrated with a few simple examples. First, assume that we have a
carrier frequency of 100 modulated by sine waves at frequencies of I and 1.4 both
with a modulation index of i. The power at the carrier frequency will be J0 (l) +
J 0 (I) or -2.32 + (-2.32) =-4.64 dBc. The power at 99 and 101 will be J1 (I) + J0 (l)
or -7.13 + (-2.32) = -9.45 dBc. The power at 98.6 and 101.4 will be J0 (l) + JIlM)
or -2.32 + (-7.13) = -9.45 dBc. The power at 96.6, 99.4, 100.6, and 103.4 will be
J20() + JI(l) = -18.79 + (-7.13) = -25.92. This modulated signal spectrum is
illustrated in figure 3.7-24. The data in figure 3.7-24 show that the 99% power
bandwidth is 5.6 (4 times higher modulating frequency) and the -60 dBc bandwidth
is 13.2 (8 times higher modulating frequency + 2 times lower modulating frequency).
Figure 3.7-25 shows the effect of increasing the modulation index of the lower
frequency to 2.4. The carrier amplitude has been decreased to J0(2.4) + Jl(I) =

-52.01 + (-2.32) = -54.33 dBc. if any of the individual modulation indices produces
a carrier null, the carrier will be nulled independent of the other modulation
indexes. This may be very difficult to detect with many modulating signals because
some of the sum and difference combinations will produce components at frequencies
very close to the carrier frequency.

Reference 18 also derives an equation for calculating the RF spectrum for square
wave modulation. The magnitude of the nt h sideband 'is:

2, sin [(R - n)7r/2]

r (02 - n2 ).

Therefore, the first carrier null for square wave modulation will occur at a
modulation index (P) of 2 (sin (7r) = 0).

The -60 dBc bandwidth for this signal was 16.4 (8 times the lower frequency + 6
times the higher frequency). Figures 3.7-26 and 3.7-27 illustrate the spectra of a
carrier modulated by three sine waves. Figure 3.7-26 shows that most of the power
is in the carrier component for three sine waves each with a modulation index of
0.6. The spectrum in figure 3.7-27 is similar to figure 3.7-25 but %kith many more
spectral components. The -60 dBc bandwidth is 13.42 for figure 3.7-26 and 18.42
for figure 3.7-27. In general, with several SCOs the -60 dBc bandwidth will almost
always be less than eight times the highest frequency S(CO if the modulation indices
are less than one and less than six times the rms desiation if the modulation indives
are greater than one.
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3.7.11 Noise Power Ratio

Noise loading tests have been used for many years to test various communications
systems. This section will describe noise loading testing as related to an FM/FM
telemetry link. One output of a noise loading test is the noise power ratio (NPR).
NPR is the decibel ratio of the noise level at the output of the system under test at
the measurement frequency with the baseband fully loaded to the level with all of
the baseband noise loaded except for a narrow band around the measurement
frequency.

A noise power ratio test uses a noise signal to simulate an FM/FM multiplex.
Either white noise (constant power spectral density) or spectrally shaped noise can be
used. The noise power ratio is measured as follows:

I. Measure the noise power in a narrow bandwidth (bandpass filter).

2. Insert a notch filter in the noise source which is somewhat wider than the
"bandpass filter in 1. Adjust the noise level to keep the source rms noise level
"constant. Measure the noise power at the output of the bandpass filter. The
ratio of these two noise powers is the NPR.

3. Decrease the source noise amplitude to zero. Measure the noise power at
the output of the bandpass filter. The ratio of the noise measured in I to the
noise measured in 3 is called the noise power ratio floor NPRF or NPRO.

The use of NPR to predict FM/FM subcarrier SNR is described in references 19
, and 20. These publications presented experimental NPR values and subcarrier

discriminator SNRs and also derived equations to predict the subcarrier discriminator
.' output SNR from the NPR. The agreement between theory and experiment was

quite good. The basic equation used to estimate discriminator output SNR (power
ratio) from NPR (when NPR = NPRF) was:

(S/N)LPF ( 48 F (Af) 3 (NPR - I (fc)3.
_.

- ,

..9 Law. E. L.. E. T. Ktimhall. and il. tt. Nichols. "Rclationthip of \'oic Powier
"-' -" Ratio to FM ,"Ftf Data Quality". in Procedingý of the Inicrnatimnal T-clemicering.

Cmonfcrence. Fol. XII. pp 234-250. 1976.

,-20pacific Aissile Test Center. Relattonship of Voiste Power Ratio to Suhcarrtwr
Ditscriminator Signal-to Nowse Ratio. hY E. L. Laaw. E. T. Kimhall. and Af. tH.
Nichols. Point Mtugu. CA. / Aug /975. PAITC Tf- 75-21.
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The expected noise power ratio due to FM demodulator noise (NPRF) can be
calculated from the FM noise equations. Assume that a white noise modulation
signal with a bandwidth Bn and rms deviation Afr is used. Therefore, the
noise power in bandwidth b is (Afr)2 bBn. Substituting this into the
bandpass filter SNR equation we get:

""PF BIF SNRIF (Afr)l b/Bn•'','.,NPRF =

fo2 b

!:. or
or BIF SNRIF (Afr)

NPRF =
fo'- Bn

where:
SNRIF = IF SNR (power ratio)
Afr = RF rms deviation due to noise source
fo = noise measurement frequency

* BIF (Afr)2
NPRF (dB) = SNRIF (dB) + 10 log { B n.

Bn fo-

If noise with a 6 dB/octave taper with a 3 dB point of f is used the noise
spectrum is proportional to I + (f/fc)"" The NPRF for this case can be shovn to
be:

NPRF = (K SNRIF BIF) / to -

"or

NPRF (dB)= SNRIF (dB) + 10 log { (K BIF) / }

-where:
f 02

0
:.-?€ ~(afrY' ( I + )

Sf c 2

(f )3 - ( .

"max)- (fmin)3
"(fm ax fm in) + .. .""'"3 f c

The measured noise power ratio also includes effects due to incidental [i% arndi intermodulation distortion. H-ow,,eer, at IF SNRs belovw 20 dB these effect" are
usually swamped out by the FM demodulator noise. This a','umes that the rccei\,er
IF filter has nearly constant group delay over at least a bands~idth equal to -4 time,,
the rms deviation.
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Comparisons between measured NPRs and NPRs calculated using the equations
presented in the first part of this subsection are shown in figures 3.7-28 through
3.7-33. White noise was used for the data in figures 3.7-28 and 3.7-29 while the
noise was preemphasized at 6 dB/octave (23 kHz 3 dB point) for the data in figures
3.7-30 through 3.7-33. These figures show that the measured NPRs were almost
always within 2 dB of the calculated values for IF SNRs above 10 dB. The
"exceptions were the NPRs at 14 kHz with a 500 kHz IF bandwidth (figure 3.7-30)
and with a 1500 kHz IF bandwidth, 10.2 dB IF SNR, and 200 kHz rms deviation
(figure 3.7-33). Therefore, the measured NPRs are in good agreement with the
calculated NPRs when the rms deviation is less than approximately one-fifth of the
IF bandwidth and the IF SNR is greater than 10 dB and less than 20 dB. The
calculated and measured values of NPR also agree well at higher IF SNRs for the
higher frequency notches.
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3.8 1I1BRID SYSTEMS

•t.brid s,,stems are defined as s, sterns in \,.hich more than one t\pe otf signal mut
be multiplexed together on the same transmitter. IIHbrid s, stems can be de,,igned
and anal, zed b, using the information presented in subsections 3.1 thrOugh 17 -\ An
example of this is multiplexing subcarrier oscillators (SCOs) \, ith a PA,\1 (ir P( \
signal on the same FM transmitter-1. There are two va\as of doing this:

1. The PAM or PCM signal can be put on the baseband with the S('( )s at a
higher frequency.

.4",.

2. The SCOs can be at lower frequencies and the PAI or PC\1 signal can
"modulate another SCO.

An example of the first type of system would be a 256-kb s randomized NRt-I bit
stream that needs to be transmitted along with two analog signals with 2 kllz of
required bandskidth each. The baseband spectrum of such a system is shosn InI
figure 3.8- 1. The SCO frequencies ( ±8 kltz deviation) were chosen to be near the
spectral null of the NRZ-L PCM signal. ('AUTION, the PCM signal may hase
componc-ts at the bit rate if there are glitches at the clock rate, etc. Therefore, tile
use of a subcarrier that includes the bit rate within its channel bandwidth sho)uld be
approached with much caution. The RF spectrum of this system is shown in figure
3.8-2. The IRIG -60 dBc bandwidth is approximately 1.5 MlIz. Therefore. this
signal will fit in an IRIG narrow band (I MHz) channel.

"The BER versus IF SNR in a 256-kHz bandwidth is shown in figure 3.8-3 for four
IF bandwidths. It is interesting to note that the best PCM data quality is achiexed
with a 300-ktiz IF bandwidth. This filter essentially rejects the two SCOs. The
BER performance with all four filters is essentially what one would expect without
the SCOs. This suggests that with this type of transmitted signal, one should use
two receivers. A receiver with an IF bandwidth approximately equal to the bit rate
to recover the PCM signal, and a receiver with a wider IF bandwidth to recover the
SCO data. The output of the wider bandwidth receiver should also be predetection
recorded to increase the probability of getting the best possible data quality. The
SNR at the output of a 288-kHz discriminator with a 2-kHz linear phase output
filter at a 34-dB IF SNR (I MHz IF bandwidth) was 48 dB (full-scale sine wave
rms/noise rms). The SNR was 35 dB at a 12.5-dB IF SNR. The SNRs at the
output of a 256-kHz discriminator were 55 dB and 35 dB at IF SNRs of 34 dB and

* 12.5 dB, respectively. For comparison purposes, the IF SNR in a 256-ki4z
bandwidth required to achieve a 10-5 BER with the 256-kb/s PCM signal
"modulating a 450-kHz SCO is approximately 19 dB (1.5 MHz IF bandwidth). The
IRIG -60 dBc bandwidth would be approximately 3.5 MHz.

%'

2 1 Lanlz. N. F.. and M. H. Nichol.s. "Approximate Design Formulae and Procdursc
f or Designing /Jyhrid Telceietry' SS.*vten.s Using an FM Carrier", in Procccdnmgs of
the International Telenhetering Conference. l'ol. X111, pp 261-271, 1077.
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MODULATION BIT RATE IF BW PREMOD PEAK BIT
TYPE kb/s kHz kHz TYPE DEV DET

0 NRZ-L PCM/FM 256 1500 200 CD 90 F/S

0 NRZ-L PCM/FM 256 1500 200 CD 90 F/S
o NRZ-L PCM/FM 256 100 200 CD 90 F/S
X NRZ-L PCM/FM 256 500 200 CD 90 F/S

I0-1 1 T T

1 0-2

.' .• 0-3-l Lii

2.4 •_ 10-4
_11 m

10-5

•%w- m

6 9 12 15 18

IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 3.8-3. 8ER Versus IF 8W for 256 kb/s NRZ PCM/FM and 2 SCOs.
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3.9 LINK ANALYSIS

3.9.1 Introduction

A typical telemetry link is shown in figure 3.9-1. The parameters that are
important in predicting the expected performance of the link include:

i. Transmitter power

2. Cable loss between transmitter and antenna

3. Transmitting antenna gain. This is a function of direction and polarization
and includes VSWR loss.

"4. Communication channel losses. These losses include:
Free space propagation loss
Multipath

* St -Ducting
-, •Flame attenuation

Atmospheric attenuation (rain, fog, etc.)

5. Receiving antenna gain and noise temperature

6. Preamplifier gain and noise temperature

7. Telemetry receiver bandwidth and noise temperature

8. Modulation method and data type (FM, PM, PCM, PAM, FM,'FM, etc.)

9. Data bandwidth.

"Radio Horizon The equations presented in this section all assume that the
transmitting and receiving antennas are within radio line-of-sight of each other. If
one assumes the standard value of 4/3 for the ratio of effective earth radius to
actual earth radius, the distance between the two antennas when the., are at the
radio horizon can be approximated by 2 2 :

D = 5280 ( (2hT)1/ 2 + (2hR)I/ 2 ) feet.

where:
"-f hT = height (feet) above mean local elevation (MLE) of transmitting

antenna
hR = height (feet) above MLE of receiving antenna.

This is illustrated in figures 3.9-2 and 3.9-3.

2 2 Reference Data for Radio Engineers. ttoward W1'. Sarns & Co.. Inc.. Indianapolis,
IN. p 28-12. 1975.

3.9- 1

.I?-.-
Ze l * ? * ~ ' * . ~~ ..



J14,J

LL) >

a- zU CD

L)- LL)W< aiLL

00
.4..

2:) 0
C))_j ~z

4 U)

C- x 2-a

Cc

'-4-Z

1- .4

* 0cc 0'

N I i. I L

0;0
4 W

4- 
U

0411
4-0

U) 
4.-



A -j

-0

(L)

I-I- C)

LL LL C) C)

LL 0 -C

CD

CDC

wwDCD)
zZ L

z z
C-,-
W 0

CL[ILL __ _ __ _ __ _ __ _ _

L) L) Cn

CC a-,

0.1
CD cu

CD C
Co CD . . *' 4' ** . -A~* 1 S. ~ *,



0

w w .4-J

UL-a

w w

r(1)

cD a

3W CD a
0D CDN

w w c
_ _ _4-8

-I 0

z C C U
zz C-) C

WW F- 0

W A4 0

*> >

" 1-4 -'-4

w 0~

N 0

CD C>C cI

I L.

0-I

3.9- 4



3.9.2 Transmitting System

Transmitter Power The transmitter power is frequently determined by the available
battery power. Most missile telemeters have transmitter powers between one and ten
watts. The transmitter power is expressed in dBm in the equations in this section
(I watt = +30 dBm).

Cable Loss The loss of commonly used cables is typically 0.14 to 0.2 dB/foot at 2.25
GOiz.

Transmitting Antenna Gain The transmitting antenna gain is usually expressed in
dBi. Zero dBi is defined as the gain of a 100% efficient antenna which radiates
power equally in all directions. The transmitting antenna gain is usually measured
in an anechoic chamber. The gain is measured in all directions by rotating the
transmitting antenna relative to the measurement antenna. The measurement antenna
is usually a linear horn or a circularly polarized antenna. Measurements are
commonly made for vertical and horizontal and/or left hand circular and right hand
circular polarizations. The gain of typical missile telemetry antennas varies from +6
dBi to less than -40 dBi depending on the direction and polarization. Typical
missile transmitting antenna gains (circular polarization) which are exceeded over a
given percent of the sphere surrounding the missile are:

Coverage Gain
90% -12 dBi
95% -16 dBi
99% -22 dBi

This means that for a typical missile telemetry antenna 10% of tie time the gain of
left hand circular polarization is less than -12 dBi. These gains can be increased by
typically 5, 7, and 9 dB at 90, 95, and 99 percent coverage respectively through the
use of polarization diversity combining. Diversity signal combining is discussed in
section 5.3. These values vary for different types of missiles and will also be
different if only a part of the transmitting antenna pattern is used. For example, if
missiles will always be fired away from a particular receiving site only the rear
hemisphere is of interest. Missile transmitting antennas are typically linearly
polarized and telemetry receiving antennas are typically circularly polarized. This
tends to minimize the reception problems that occur with maneuvering missiles.

3.9.3 Communication Channel Losses

Free Space Propagation Loss The effective free space propagation loss can be
calculated using:

4 rD
Lp = 20 log ( -

"where:
",,,, Lp is expressed in dB
-,], A = wavelength = c/f = speed of li ht/transmitted frequency

c = 3.00xlO meters/sec. or 9.82xlIO feet/sec.
D = distance between transmitting and receiving antennas
D and A• must be in the same units.

3.9-5
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"if f = 2250 MHz and D = 1000 meters then:

4 7r 1000
Lp = 20 log {}=9. BL 3 x 108 / 2.25 x 109 99.5 dB.

If f 2250 MHz and D = 5280 feet then Lp = 103.6 dB.
A commonly used formula is:

Lp (dB) = 36.6 + 20 log f + 20 log D

where f is expressed in MHz and D is expressed in statute miles.

Niultipath Multipath occurs when the signal arrives at the receiving antenna by the
direct path and also by one or more secondary paths (see chapter 28 of reference

). Multipath losses can vary from a gain of 6 dB (-6 dB loss) or more if the
signals add in-phase to a loss of 30 dB or more if the signals add out-of-phase.
Multipath can be reduced by using a more directional antenna, by careful selection
of mission profiles, and by use of diversity reception. Null steering antennas can
also be used for multipath reduction but they are not available at telemetry receiving
facilities at this time.

Ducting Ducting is a phenomena where an electromagnetic wave gets trapped
between layers in the atmosphere which have a steep gradient in their index of
refraction (see chapter 28 of reference 22). This can cause a signal which is beyond
the radio horizon to be received clearly or conversely cause a nearby signal to be
greatly attenuated. Ducting can be predicted from measurements of the index of
refraction of the atmosphere. Ducting loss is usually not included in link
calculations.

Flame Attenuation Flame attenuation occurs when the signal passes through the
ionized gas cloud which many rocket boosters produce. The signal amplitude and
phase are both modulated by passage through the ionized gas cloud. The modulation
rates can be in the tens of kilohertz 2 3 and the attenuation can exceed 30 dB. The
left and right hand circularly polarized components of the signal are not modulated
identically by the passage through the ionized gas cloud. Therefore, a diversity
combiner with wideband weighting signals can significantly improve the data quality
during flame attenuation.

Atmospheric Attenuation Propagation through the atmosphere does not cause
significant signal attenuation at frequencies between 1.4 and 2.3 GHz even during

heavy rainstorms. An atmospheric attenuation of I dB is frequently assumed in
"these bands.

V'.

2 3 Sireich. R. G.. D. E. Little. and R. B. Picket. Dynamic Requirements for

Div'er'tty ('onhin'r.V', in Proceeding.s of the International Telenetering Conference,
'olunit' , pp. 635-642, Octoher 1972.
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3.9.4 Receiving System

Receiving System Sensitivity The receiving system sensitivity is usually characterized
by measuring the ratio of antenna gain to receiving system noise temperature (G/T)
(see section 5.0). This is expressed in decibels per degree Kelvin (dB/°K). The G/T
of moderate size dishes (4 to 40 foot diameter) is usually measured by using the sun
as a calibrated signal source. This method is described in RCC Document 118.
"Typical values of G/T for a modern receiving system with a 10 meter dish are 14
to 16 dB/*K at 1.5 GHz and 18 to 20 dB/*K at 2.25 GHz, when the antenna is
pointed at least 5 degrees above the local horizon. The G/T is lower at lower
elevations because the main lobe of the antenna starts to "see" the warm Earth in
addition to the cold sky. This increases the system noise temperature.

7, The sensitivity of the receiving system can also be calculated by knowing the gain
and noise figure of each element of the system (see section 5.2). The solar
calibration method is preferred because the G/T can be measured in a few minutes
any time the sun is above the local horizon. The measured G/T provides an
excellent measure of the current "health" of the receiving system.

Telemetry Receiver Bandwidth The telemetry receiver bandwidth is needed to
determine the total system noise power and also the IF SNR needed to achieve a
desired data quality. The equivalent noise power bandwidth is usually within ±10%
of the quoted receiver IF bandwidth so the IF bandwidth can usually be used with
an error of less than 0.5 dB. The total noise power is equal to kTB where:

k = -198.6 dBm/*K Hz (Boltzmann's constant)
T = system noise temperature (*K)
B = equivalent noise power bandwidth (Hz).

However, we have included T in the G/T term so we will only use kB for the
noise contribution.

SNR for Desired Data Quality The SNR required to achieve a given data quality is
a function of the modulation method, data type, data bandwidth, and receiver
bandwidth. This is discussed in sections 3.1 through 3.8 for various modulation
methods. For example, if we need a BER of 10- for 700 kb/s NRZ-L PCM/FM
and the receiver bandwidth is 1000 kHz the required IF SNR is 12 dB in a 1000
kHz bandwidth. If you are unsure of what IF SNR is needed, 12 dB is usually a

* good estimate for most FM applications.
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3.9.5 Link Margin Calculation

The predicted signal is equal to: transmitter power - cable loss + transmitting
antenna gain - path loss - multipath loss - ducting loss - flame attenuation

- atmospheric attenuation + receiving system antenna gain. The predicted noise is

equal to Boltzmann's constant + receiving system temperature + receiver IF

bandwidth (all quantities in dB). Combining the receiving system antenna gain and
noise temperature into one term (G/T) we get the following equation for predicted
SNR:

SNRp = PT - LC + GT - Lp - LM - LD - LF - LA + G/T - kB

where:

SNRp is the predicted IF SNR

PT is the transmitter output power in dBm
LC is the cable loss between the transmitter and the transmitting antenna
GT is the gain of the transmitting antenna in dBi
Lp is the path loss in dB
LM is the estimated multipath loss in dB
LD is the estimated ducting loss in dB
LF is the estimated flame attenuation in dB
LA is the estimated atmospheric loss in dB
G/T is the receiving system figure of merit in dBi per degree Kelvin
kB is Boltzmann's constant times the equivalent noise power bandwidth

Link margin is defined as the excess SNR available in the link. It is calculated by
* subtracting the desired SNR from the predicted SNR. A sample calculation will be

performed for a system with the following parameters:

Transmitter frequency 2250.5 MHz
Transmitter power 2 watts

Data type NRZ-L PCM/FM
Bit rate 700 kb/s
Cable loss between transmitter and antenna 1 dB

Required probability of "good" data 95%
Desired data quality 10-5 BER
Receiving system G/T 18 dB/°K
Receiving system IF bandwidth 1000 kHz
Maximum range 100 statute miles

* Antenna elevation angle 2 degrees

Other assumptions:

Multipath loss 3 dB
"Flame attenuation 10 dB single polarization

7 dB diversity combined
Atmospheric attenuation 1 dB
Ducting loss 0 dB

3.9 - 8



This gives us the following values:

PT +33 dBm (2 watts)
-LC 1 dB
GT -16 dBi (LHC only)

-9 dBi (LHC +RHC)
Lp 143.6 dB
LM 3 dB

" LD 0 dB
LF 10 dB (LHC only)

7•dB (LHC + RHC)
LA 1 dB
G/T 17 dB/°K (1 dB loss for 2 degree elevation angle)
kB -138.6 dB/°K (1000 kHg bandwidth)
SNR 12 dB (IF SNR for 10- BER with 700 kb/s NRZ-L PCM/FM

and 1000 kHz IF bandwidth).

Margin = SNRp - SNR

LHC Margin = +33 -1 -16 -143.6 -3 -0 -10 -1 +17 +138.6 -12 = 2 dB

(LHC + RHC) Margin = +33 -1 -9 -143.6 -3 -0 -7 -1 +17 +138.6 -12 : 12 dB

V. '
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3.10 RELAY SYSTENIS

3.10.1 Introduction

There are several types of relay systems. These include both analog and digital
point-to-point microwave links, relay aircraft and airborne relay pods that receive
signals that may be over the horizon from the telemetry ground station, fiber optic
and RF cable systems, etc.

Microwave links are frequently used to send data from the receiving site to the
real-time data processing site. Both analog and digital microwave links are used.
The analog links use either the received predetection or video signals for the
modulation link inputs. Most analog microwave links multiplex several telemetry
signals on one microwave link. Also, most analog microwave links have fairly
limited bandwidth. This presents a problem with wideband signals. Coordination is
required between the range user and the microwave link personnel to determine if
there are potential bandwidth problems with the user's telemetry system. Most
digital microwave links use intelligent asynchronous multiplexer/demultiplexers. This
allows several asynchronous digital telemetry signals to be multiplexed together and
sent over one microwave link. The signals are demultiplexed at the receiving end of
the microwave link.

There are three major methods used in telemetry relay systems:

I. Frequency translation of the original signal

2. Demodulation of the original signal followed by modulation of a new carrier

3. Demodulation and reconstruction of the original signal followed by
modulation of a new carrier.

An example of the first method would be to mix the final IF output of a telemetry
receiver with a local oscillator to produce a new signal at the desired frequency.
This method preserves the deviation and frequency response characteristics of 'he
original transmitted signal if the bandwidths of the receiver and translation system
are wide enough. The signal-to-noise effects of this method are discussed later in
this subsection.

An example of the second method would be to use the demodulated video output of
a telemetry receiver to modulate a second transmitter. This method preserves the
characteristics of the original transmitted signal only if the demodulator sensitixit.,
and the transmitter sensitivity are the same and the bandwidths are wide enough to
pass the signal without attenuation. The signal and noise effects are discussed later
in this subsection.

* An example of the third method would be to follow the receiser xideo output "ith
a bit synchronizer. The bit synchronizer output would modulate the second
transmitter. The deviation is now determined by the combination of the bit
"synchronizer output amplitude, the gain of an, filter section betveen the bit
synchronizer output and the transmitter, and the de',iation sensiti'itý of the
transmitter. The system bit error rate (BER) is the sum of the BI Rs in links I and
2. Any error extension would apply equally to the errors generated in an\ link

affected by the encoder/decoder causing the error extension.
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8 3.10.2 Translation Relay SNR Calculation

"The SNR in a given bandwidth at the output of a system which consists of an
originating transmitter, a receiver, a translation of the receiver IF to a second RF
frequency and transmission of the resulting signal, and a final receiver (see figure
3.10-1) is calculated in this section.

Assume that the signal (the units of S and N are power) at

IF, can be represented by: SI + N,

ano the signal at IF, can be represented by: A (SI + C (NI)) + N-)

%k here:
SI is the signal power at the IF output of receiver #1
N, is the noise power at the IF output of receiver #1
N- is the noise power at the IF output of receiver #21 due to the

downlink only
C = BIF2 / BIFi except C is never greater than I
A is the net gain between the IF output of receiver #1 and the IF

* output of receiver **2.
BIFI is the equivalent noise power bandwidth of receiver #1 (uplink

receiver)
BIF2 is the equivalent noise power bandwidth of receiver #2 (downlink

receiver)

The IF SNR of just the downlink is: A (S ' (N2).

The IF SNR of the entire link is then:

A (SI) (SNRI) x (SNR 2 )

A (C (NI)) + N2  (SNRI) + C (SNR2)

Therefore, the predicted IF SNR of the entire link can be calculated from the
"predicted IF SNRs of the uplink and the downlink and the ratio of the IF
bandwidths of the receivers.

% If C = I and the IF SNRs of both the uplink and the downlink are 20 dB then:

SNRI = 100 and SNR2 = 100

100 x 100
0., System IF SNR - - - = 50 or 17 dB.

100 + 100

If C 0.5 SNRI = 10 and SNR-, = 100 then:

"10 x 100
System IF SNR 16.67 or 12.2 dB.

10 + 100,2

3.10 - 20•4

%~ -S-P..Op



LUi

Co

cu

cc

0 cr4)
I- LU mo

CCC

Co

VI-D

LU Co

LUL

CD

CC C-

LU
II

*c

II3.1 - 3-



3.10.3 FNI Demodulation/Remodulation Relay SNR Calculation

The v.ideo SNR at the output of an FM system which consists of an originating
transmitter, a receiver, a second transmitter, and a second receiver (see figure
3.10-2) is calculated in this section. The analysis presented here assumes that both
links are abo',e FM threshold. The method is valid below FM threshold but the
equations for signal and noise are not. This means that these equations should not
be used if the IF SNR of either link is below 12 dB. The actual system video SNR
"will be worse than predicted by these equations if the IF SNR of either link is
below 12 dB.

Signal at video I: Svl = (K 1 Afl) 2  2

Noise at video I: Nvl = (KI f)2  (SNRIFI BIFI)

Where:
,, I is the signal power at the input to transmitter 2
N, I is the noise power at the 'input to transmitter 2

e K I is the demodulator sensitivity (V/kHz) of demodulator I
Af is the peak deviation of transmitter I
f indicates the video frequency

* SNRIF. is the IF SNR expressed as a power ratio
BIF is the receiver equivalent noise power bandwidth

Assume:
K- is the modulation sensitivity (V/kHz) of transmitter 2
K 3 is the demodulator sensitivity (V/kHz) of demodulator 2

The signal at video 2 is then: Sv2 = (K 3 / K 2 )2 Svl

'-A Noise at video 2: Nv2 = (K 3 / K 2 )2 NvI + (K3 f)2 (SNRIF2 BIF2)

System video SNR = Sv2 / Nv2.

3.. 1 4
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3.11 FREQUENCY MODULATION NOISE CHARACTERISTICS

The two major types of noise signals present at the output of a frequency
modulation (FM) demodulator are commonly called fluctuation noise and pop or click
noise.2 4 '2... 2  Fluctuation noise is defined as the error in the demodulated output

caused by a noise vector being summed with the signal vector where the
instantaneous noise amplitude is smaller than the signal amplitude. Pop noise is
defined as the error in the demodulated output which occurs when the instantaneous
vector sum of the signal plus noise encircles the origin (the noise amplitude has to
be equal to or greater than the signal amplitude for this to occur).

A vector diagram illustrating fluctuation noise is presented in figure 3.11-1. The
amplitude of the noise is 20% of the amplitude of the signal in figure 3.1 1-1. This
limits the time rate of change of the angle 0 which is the FM demodulator
output error signal (the signal vector is assumed to be stationary and the noise
vector rotates with respect to the signal vector in this model). If we further assume
that the instantaneous frequency of the noise is 400 kHz lower than the signal

* frequency, we can plot the vector sum and the demodulator error as a function of
time. Figure 3.11-2 presents the sum of a signal with amplitude of I at a
frequency of 10 MHz, and noise with an amplitude of 0.2 with a frequency of 9.6

*l MHz. The dots show the signal with no noise. The initial and final vector
relationship is as shown in figure 3.11-1. Figure 3.11-3 shows the demodulator
error signal for these conditions. In the real-world, the amplitude, phase, and
frequency of the noise are random variables. The largest error is slightly larger
than +100 kHz and occurs when the vectors are antiparallel. The mean value of the
error is zero. Fluctuation noise dominates at high IF signal-to-noise ratios (SNRs),
that is above approximately 12 dB.

Fluctuation noise is characterized as having a Gaussian amplitude distribution and a
"power spectrum proportional to:

fl N0 (f) / (Ac) 2

where:
f = frequency of the noise
N0 (f) = noise power spectral density at input to demodulator
Ac = amplitude of the signal.

I.

II

24Croh., .-f. G. "FrequencY Modulatlon .Voimc Characicristics". Proc. IRE. 25.
472-514 (1937).

25Slur"Iper . F. L. 11. A. "Theory of Frt'quncim'-.%foduilatiott Noisec". Proc. IRE. 36.
i I(1081- 1092 (1948).

2,6Rice. S. 0. "Nomec in FM Reccivers". Time Scrtcs .iwial t%. I.f3. Ronwt/allt

"pp. 395-422 (Wiley 1963).
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Figure 3.11-1. Fluctuation Noise Vector Diagram for N=0.25.
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Figure 3.11-2. IF Amplitude (N=0.2S)
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Figure 3.11-3. Demodulator Output for N=0,2S.
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Therefore, the fluctuation noise at the output of the demodulator increases at 6 dB
per octave when N0 (f) is constant, assuming no video filter. The frequency
response characteristic of the IF filter is the main factor which determines N0 (f).
Examples of typical IF filter bandpass characteristics are shown in figures 3.11-4,
3.11-5 and 3.11-6. A time domain plot of fluctuation noise is shown in figure
3.11-7 and a spectral plot is shown in figure 3.11-8.

Pop noise occurs when the instantaneous vector sum of the signal plus noise
encircles the origin causing a rapid change of 27r radians in the angle
0¶ (t). This is illustrated in figure 3.1 1-9. The signal amplitude in figure
3.11-9 is I while the instantaneous noise amplitude is 1.1. If we define the signal
frequency to be 10 MHz and the instantaneous noise frequency to be 9.6 MHz, we
"can generate a time record of the IF amplitude for one cycle of 0. This is
shown in figure 3.11-10. Note that almost a full cycle of the 10-MHz signal
(represented by dots) occurs between zero crossings of the vector sum of the signal
plus noise when the amplitude of the signal plus noise is at a minimum. This
causes the large pulse shown in figure 3.11 -I1. The energy contained in the center
of the spike (0.34 microsecond duration) is ir radians or 1/2 cycle. The
signals shown in 3.11-10 and 3.11-11 do not include any effects due to IF bandpass
filtering or video filtering. The effect of these filters would be to slow down the
time rate of change of the demodulated output and reduce the total energy. Figures
3.11-12 and 3.11-13 show an actual noise "pop" and the corresponding linear IF
signal. The test conditions included a I-MHz IF bandwidth and 500 kHz/volt
demodulator sensitivity for both figures. The video bandwidth was I MHz for
figure 3.11-12 and 500 kHz for figure 3.11-13. The sudden change in 0(t)
causes a narrow pulse with an area of approximately 27r radians to be
generated. This is the same amount of energy that would be contained in an
unfiltered PCM/FM bit with a peak deviation equal to the bit rate. The noise pops
are usually in the direction to cause bit errors in PCM/FM. The reason is that the
average frequency of the noise is usually near the center frequency of the IF filter.
Therefore, when the carrier is deviated to a frequency which is higher than the
center frequency, the instantaneous noise frequency will usually be lower than the
signal frequency. This causes the pops to be in the direction towards the center
frequency. This is illustrated in figures 3.11-14 and 3.11-15. Therefore, each pop
will usually cause a bit error for PCM/FM with a peak deviation less than the bit
rate. Figure 3.11-16 shows a noise pop that is in the direction away from the
center frequency. The noise can also capture the demodulator for a long enough
time to cause multiple cycles of 0b(t). This is especially likely when the
carrier is deviated away from the center frequency. This causes a noise pop with
area approximately equal to the number of cycles of 0(t). The FM
demodulator output with a center frequency input was 0 volts DC and the
demodulator sensitivity was 625 kHz/volt for figures 3.11-13 through 3.11-19.

Figures 3.11-17 and 3.11-18 show the differences that occur in pop amplitude. The
variation in pop amplitude is further illustrated by the superposition of several pops
in figures 3.11-19 and 3.11-20. The test conditions for figure 3.11-19 were: IF
SNR = 10 dB, IF bandwidth = I MHz, video bandwidth = 500 kHz, and RF input
frequency = center frequency - 250 kHz. The amplitude of the pops varies greatly.
The test conditions for figures 3.11-20 and 3.11-21 were: IF SNR = 10 dB. IF
bandwidth = 10 MHz, video bandwidth = 6 MHz, demodulator sensitivity - 4
MHz/volt, and RF input frequency = center frequency. The area of all non-doublet
pops was approximately I cycle under these conditions. Doublet pops are shown in
figures 3.11-21 and 3.11-22. Doublets occur when the noise does not capture the
demodulator for a long enough time to complete a 27r swing of 0(t).
Doublets have an area of approximately 0.
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This section will present a brief overview of telemetry transmitting systems ftlhOcd
by a discussion of system selection criteria and references. The telemetr.
transmitting system consists of several major subsystems:

1. Signal sources (frequently transducers)

2. Signal conditioning

3. Signal multiplexing (frequency and/or time division)

4. Signal coding (if used)

5. Modulation of carrier signal by multiplexed information signal (or recordirw,
of information signal on magnetic tape)

6. Transmitting antenna.

These subsystems must be properly interfaced to each other and must be properl\
designed in order to provide the desired information. The transmitting system muAt
also be compatible with the receiving, recording, and data processing facilities.
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.4.1 INTRODUCTION

V[his subsection %kill provide a brief overview of telemetry transmitting systems. The
transmitting sstem basically converts one or more information sources into a
"predetermined format and transmits the information to a receiving facility. The
irntormation might include the temperature at a certain location in a missile, the vibration

%• iat another point, the position of a fin, the voltage provided by a battery, the digital
,utrus from a computer, or almost anything else that one may want to monitor.

l he first link in the telemetry chain is frequently a transducer. A transducer is a
&\de•e that conxerts energy from one form to another. An example is the conversion of
the temperature at a point on a missile to a voltage that can be multiplexed with other
%,.tages. There are many different types of transducers available. The Range

o onmmanders Council (RCC) publishes a Directorv of Transducer Users. This directory is
updated periodicall, and includes a list of people who are knowledgeable about \arious
tspes of transducers. This document is a,,ailable from the Defense Logistics Agency,
1)lIC., Attn: :DRA, Cameron Station, Alexandria, VA 22304-6145. Government agencies
can get a cop. from the secretariat of the Range Commanders Council (AUTOVON

s8-I 107). The Telemetry Standards (IRIG Document 106) also includes a list of
transducer related documents. The Vehicular Instrumentation/Transducer Committee of
the Yelemetry Group hosts a Transducer Workshop every two years. The proceedings of
this workshop are also available from the RCC Secretariat. The North Atlantic Treaty
Organization (NATO) Advisory Group for Aerospace Research and Development
"-AGARD) has also published a series of documents on transducers and flight
instrumentationI

VThe transducer outputs usually need to be modified into the desired form for sampling
and or multiplexing. This signal conditioning can include amplification, level shifting.
filtering, buffering, rectification, logarithmic amplification, companding, etc. These topics
are addressed in books on analog design and instrumentation and will not be discussed
here.

The conditioned information signals are then combined with other signals. This is called
multiplexing. The two most common types of multiplexing are frequency dis ision
multiplexing (FDM) and time division multiplexing (TDM). FDM is frequently used in
simple systems where only a few channels of data are needed. It is also used in
combination with TDM, especially for wideband vibration data, etc. The conditioned
information signals are applied to different, compatible subcarrier oscillators (SCOs).
These SCO outputs are then added together to form one composite signal. This signal
then modulates the transmitter. FDM systems are discussed in subsection 3.7.

' Pool. A. and D. Bosman ed. Basic Principlcs of Fh'it T"•st Instrunictiation

Enfijn c'crint.'. North ,Atlantic Treaty Ori,,aIz-atn. .4dv iorv Group for 4erompacc R
and Developmentt AG.4RD-AG-/60-in/. / Apr4l /1974.
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Pulse code modulation (PCM) is the most popular form of TDM system. Various PC"1
systems are discussed in subsections 3.1 through 3.4 and sections 3.7 and 3.8. TDM
systems sample the information signals at pre-determined times. Each signal has its o~kn
time slots for transmission. The sampling rate is typically 3 to 10 times the maximum
expected signal frequency.2,3, 4  The required sampling rate is a function of the accurac\
required, the roll-off rate of the signal and noise spectrums beyond the maximum
expected signal frequency, and the type and roll-off rate of the anti-aliasing and signal
reconstruction filters.

The telemetry transmitter converts the multiplexed signal into a modulated radio
frequency (RF) signal. Telemetry transmitters usually use either linear frequency or
phase modulation. The output power is usually limited by the available supply current
or the possibility of interference with other systems or signals. The transmitting antenna
radiates the RF energy to the outside world.

0,

[.

.?,, Gardenhre I..'. "Filtering and Sampling" in Basic Principles of Fhght Tcwt
""tIstrumentation Engineering. ed. .4. Pool and D. Bo.sman. North Atlantic Treaty
SOrganization, Advisory"v Group for Aerospace Research and Development,
"AGARD-AG-160-l"ol. I Chapter 6. April 1974.

3 Capps. J. W., W. F. Link. C. 1). Eatough. and D. G. Childcrs. Studl" and Lxpcrinicntual
Investigation on Sampling Rate and Aliamsin in Time-DiviSion Tclemcirly S isvcm . hv
A eronutromic for Wright- Patterson A FR. Ohio. Technical Report No. A SD- TR -61- 553.
Ju,,,' 1962.

l4ttandhook of Teleentrv and Remote Cotlirol E . L Grrue'nhergj cd.. IccGraw- Hill. iiiw
York. /967.
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A•; 4.2 TRANSMITTING SYSTEM SELECTION GUIDELINES

The type of transmitting system to use for a particular application depends on the
N number of signals to be monitored, the bandwidths of these signals, the required

data accuracy, whether the signals are analog or digital, etc. If a large number of
different signals must be monitored, a PCM or combination PCM and FM/FM
system is usually the best choice. If only a few analog signals need to be monitored
an FM/FM or PAM./FM system may be a good choice. FM/,FM (or analog FM if
there is only one very wideband signal) is usually a good choice for wideband
analog signals (such as vibration data).

PCM can provide the best data quality with strong received signals because it is
immune to man, of the problems which can occur in the telemetry system. If the
received IF SNR is 15 dB or greater, the data at the bit synchronizer output is
essentially the same as it was at the commutator output. However, as the IF SNR
decreases, the data quality of PCM does degrade faster than most other systems.
Error correction and detection coding can also be added to the transmitted PCM
signal to further extend the error free range. If much of the data to be transmitted
is from digital computers or other digital data sources, PCM or a combination of
PCM and FM,'FM is the best method to consider. If the transmitted signal must be
protected from unauthorized observers, PCM is also the best system to use. Overall,
PCM is usually the best choice except for wideband analog signals. Most new
telemeters use either PCM or a combination of PCM and FM/FM or PCM and
analog FM.

The Telemetry Group of the Range Commanders Council has recently upgraded the
PCM Standards5. The new standards will include methods for dealing with different
"formats during one mission, the MIL-STD 1553 bus, etc. It is essential that these

"..". standards be used as a guideline when designing PCM telemetry systems. Overly
"creative designs, which do not adhere to these standards, cause many problems for
the telemetry processing systems and waste a lot of time and money.

The length of the PCM frame synchronization word, in a well designed system,
should be a minimum of 16 bits. Short synchronization patterns lead to a high
probability of false acquisition or a low probability of correct acquisition with noisy
data. Recommended synchronization patterns are included in Appendix C of
reference I. The probability of correctly detecting synchronization 6 with a BER of
p (independent errors assumed), a pattern length of n bits, and allowing q errors is:

q n!
"Ps-c E pr (l-p)n-r

r-O (n-r)! r!

...Sccretartat. Range Commanders Council. Telemctr v Standard . White Sapids .%tile
Range., VM, RCC. Mai /986. (IRIG Standard 1065).

"".' ill. E. R.. "Techniqucs for Synchronizing Pulse-Code-If odulated Tclenwcr ".
Proceeding, of the 1963 National Telemetcrring• Conferepnce. paper 3-3.
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This is illustrated in figures 4.2-1 and 4.2-2 for synchronization pattern lengths of
16, 24, and 32 bits. The data in figure 4.2-1 shows that if we desire to have a
probability of 0.9 of detecting a 24-bit frame synchronization pattern when the BER
is 0.1, we need to allow 4 errors in the pattern, If the BER is reduced to 0.01 (see
figure 4.2-2), we will have a probability of greater than 0.97 of detecting the
pattern if we allow I error.

The probability of randomly detecting false synchronization with random data, a
pattern length of n bits, and allowing q errors is:

q n.

r=O (n-r)0 r!

Pfalse sync = •n

"Figure 4.2-3 presents data on the probability of false detection of the
synchronization pattern for pattern lengths of 16, 24, and 32 bits. Assume we have a
PCM minor frame which is 4000 bits long and we would like the probability of
"detecting a false synchronization pattern in one minor frame time to be less than
0.2. Therefore, the probability of false detection of the synchronization pattern in
any location would have to be less than 0.2/4000 or 0.00005. The data in figure
4.2-3 shows that we could not allow any errors in search mode with a 16-bit
pattern, we could allow 2 errors with a 24-bit pattern, and we could allow 4 errors
with a 32-bit pattern. If the BER is 0.1, the probability of detecting the actual
synchronization pattern with a 16-bit pattern and 0 errors allowed is only 0.19.
Therefore, we are more likely to detect a false pattern than the correct pattern
The acquisition time may be long under these conditions. The probability of

S,• correctly detecting the 24-bit pattern while allowing 2 errors is 0.56, while the
probability of correctly detecting the 32-bit pattern while allowing 4 errors is 0.79.
This illustrates the advantage of long synchronization patterns when the data is
noisy. It is extremely desirable to have the PCM decommutator synchronized to the
transmission system's commutator because no useful data is possible when they are
not synchronized.

The recommended peak deviations and premodulation filters for various types of
systems are discussed in subsections 3.1 through 3.8. The transmitting system
designer needs to be aware of the capabilities of the telemetry ground stations that
will receive, record, and process the data. If possible the transmitting system should

* be designed to be compatible with the ground stations. In the rare cases where this
is not possible, the transmitting system designer needs to give the ground station the
maximum possible lead time to prepare for a new requirement. A link analysis (see
subsection 3.9) should also be done for the various scenarios that are expected.

4.2 - 2
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5.0 'TEL EMETRY RECEIVING SYSTEMI CHARACTERIZATION

'This section will discuss the performance characteristics of telemetry receivxing and
recording system-,. -The discussions w ill be brief' and will include references to more
detailed discussions. A simplified block diagram of a telemetry receiving and
recording s~stemi is shown in figure 5.0-I.

5.0.1 Gain'SNstem Noise Temperature (C/I)

The recei\ ing systemn sen siti\ its, is commonly specified as thle system G T. The G T
is usually obtained by measuring thle power from a hot and a cold signal source.
The sun is frequently used as the hot source (P and the sksy as the cold source
t1 sk\ ) This technique is presented in IRIG document 118 ., The systemn G T 'is
\er\' useful for problem detection and link analysis~. One equation for calculating the
s\stem G/T 'is:

8ir k L P
GT =10 log{ FA

* where:
k = 1.38x,0-23 watts,,, 0 K, z
L =I + 0.38 ( 0.5 ,'antenna half-powker beamwvidth in degrees)-

Pr = (sun / Psky) 1
F = Solar flux at test frequency
A = Wavelength of test frequency in meters.

1 he aperture correction factor (L) used above is based on the use of a simultaneous
lobing antenna. The solar flux Is measured daily at 1415 (F 1 4 1 5 ) and 2695 (F,()9 5 )
MHz along with several other frequencies. One can get the current solar flux values
by calling AUTOVON _271-5871. There are several methods for estimating the flux
at the test frequency from the measured flux at other frequencies'12,, The "best"
estimate appears to be:

F =F 2 6 9 5 (IF1 4 1 5  F2_6 9 5 )Fr

where: log (f /2695)

* log ( 1415 / 2695)

f = Test frequency (Mi-k).

'Seeriqariat, Range Commnanders Council. End -10-Enid TFest M~et'hods for Telemer r

6 ~~SI-s'teni. W'hite Sands Misf, l Range. VM~. RCC Docueniti/ 1M-7 -"9Iolumec 1.

2 lledemian. If. R, " The Sin as a Calibratieon Source for L.- and S-hand Telemcov".

inl Proceed'ings' of /he International el~emietering ('on fereicc. IA'o. 11' . pp. 3301-342.
1977

3Guidice D. A. and J. P. Castel/i. "Fhe-(Use of EA !atcrr-c' / ral Radio Sourtce in / h
A! ea~sur('ment of Ante'nna Paranzel'ur ' ILL!.a ocIcn~(n 4el'ro ace and
Electronic Svstent. I 'ol. AELS -7 No, 2 %!atch 0"IU.
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If we measure the following values at a frequency of 2250.5 MHz:

Psun = 100 microwatts

Pskv = 4 microwatts

and the solar flux values are:

F 14 1 5 = 60x10-2 2  and F 2 6 9 5 = 80x10 2 2 W/m 2 /Hz

* then: 8 (3.1416) (1.38xl0- 2 3 ) (1.1) (100/4 - 1)
G/T = 10 log ( 80xl10 (60/80)0.28 (3.0x10 8 /2.2505x10 9 )2

G,'T = 18.4 dB!°K.

The system sensitivity can also be determined by the use of a contolled source at a

"known distance. This method is not dependent on time of day.

44, 5.0.2 Bit Error Rate Testing

The performance of the telemetry receiving and recording system can be checked by
performing a bit error rate (BER) test. This test consists of frequency or phase
"modulating an RF generator with the standard IRIG 2047 bit pseudo-random
"sequence. The RF generator output is either applied to the preamplifier or to a
boresight tower. The RF power can be varied and the BER measured at the
receiver and recorder outputs. The results can be compared to theoretical value
and/or previous test results. This test is described in detail in IRIG Document 118

'. volume IV 4 chapter 2. This test is not sensitive to moderate levels of noise,
"spurious signals, intermodulation distortion, phase noise, or nonlinearities. It is
sensitive to increases in system noise, improper system bandwidths, and equipment
failures.

. 5.0.3 Noise Power Ratio Testing

The performance of the telemetry receiving and recording system can also be
checked by performing a noise power ratio (NPR) test. This test uses bandlimited
noise to simulate an FM/FM multiplex. This test is also described in reference 4.
The NPR test and some applications are also discussed in subsection 3.7. The NPR
test is sensitive to moderate levels of noise, intermodulation distortion, phase noise,
nonlinearities, spurious signals, improper bandwidths, and equipment failures.

,-pJ

",•, ~4Secretariat. Range Commanders Council. Te.m Methods for Data Multi,•lex
•"Equiprwi'ti. While Sand.% Mi.s-ýile Range, NAf. RCC Document 118-79 Volumec II'.
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,50 5.1 RECEIVING ANTENNAS

The telemetry recei-ing antenna collects the impinging electromagnetic energy and
makes it available for further processing. The important characteristics of a telemetry
receiving antenna include: gain, beamwidth, frequency, polarization, sidelobe levels.
"tracking performance, and noise contribution.

"5.1.1 Gain

The power gain of a parabolic dish telemetry receiving antenna can be approximatedbyv5,6:

G = 0.5(rD/A)
where:

D is the diameter of the antenna
D and A are in the same units
the antenna efficiency is assumed to be 50 percent.

The approximate gain of an 8 foot dish at 2250 MHz would be:

G = 1654 or 32.2 dBi.

Gain is plotted as a function of diameter in figure 5.1-1.

5.1.2 Beamwidth

The 3-dB beamwidth (degrees) of an antenna can be approximated by 5 ,6:

"e = 70A/D.

This gives an approximate beamwidth of 3.8 degrees for an 8 foot dish at 2250
NMIlz. Beamwidth is plotted as a function of diameter in figure 5.1-2.

5.1.3 Noise Temperature

The noise temperature of a parabolic dish antenna at 2250 Nllz varies from
approximately 200 degrees Kelvin for a 0 degree eleý,ation angle to as little as 10
degrees Kelvin at large elevation angles.

S5.1.4 Polarization

Most telemetry receiving antenna systems are configured to receive two orthogonal
74 polarizations. These polarizations are typically left- and right-hand circular or

vertical and horiz'intal. An, set of two orthogonal polarizations contains all of the,.,0 vaiflable power.

Johnson. R. C.. and I1. Jasik A.ntcma tEL n •I('oiu! t h ,,pi ,bok .S'cco, •.t/l ot.
,llcGraw-ttill. NVw York, IdA4.

6 Slutzpi an. If. I... and C. .4. Thich, ,tcmwh 7l hc'l 1 Id qr'urn JolI It / ci. '
York, 1981.
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"5.2 PREAMPLIFIERS, DOWNCONVERTERS. and MULTICOUPLERS

5.2.1 Preamplifier

"The purpose of the preamplifier is to amplify the signals received by the antenna
while adding as little extra noise as possible. Therefore, the preamplifier should be
mounted very near the antenna to minimize attenuation prior to amplification. The
noise temperature (noise figure) of the preamplifier should be low to minimize the
noise power. System noise temperatures are often specified at the preamplifier
input. The preamplifier is often preceded by a bandpass filter and/or limiter to
minimize the interference from strong out-of-band signals. A directional coupler is
also frequently placed in front of the preamplifier to allow test signals to be
injected at the preamplifier input.

5.2.2 Noise Figure/Noise Temperature

"The noise figure (F) is a measure of the noise added by a device. It is
defined 7 ,8, 9 as the ratio of total output noise to output noise due only to input
noise when the input source is at a specified temperature of 290 *K.

* F = I + Te/ 2 9 0

F (dB) = 10 log (I + Te/290)

"where Te is the effective noise temperature of the device.

The noise figure (dB) of a lossy cable at room temperature is equal to the cable loss
(dB). Therefore, a cable with I dB attenuation has an effective noise temperature
of (1000.1 - 1) 290 = 75 °K when the cable is at a temperature of 290 *K. If the
cable is at a different temperature, the noise temperature is calculated by replacing

"'. 290 by the actual cable temperature.

If we have a signal passing through a series of devices each with a separate gain
GP, noise figure FP, and noise temperature Tei, the overall noise figure and

-.{ temperature are:

F = FI + (F 2 -1)/GI + (F 3 -1)/GIG 2 +

Te Tel + Te2/GI + Te3/GIG2 +

F A!

7 pettai. R. Noise in Receiving' Sv'steis., Wilev. New York. 1984.

8Gregg. W. D. Analog and Digital Communication. dleih. New York. 1977.

9 Gagliardi, R. M. Introduction to Comnmunications Eninecering. Wi/chv. New York.
1978.
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As an example let us analyze the system shown in figure 5.2-1. We will use the
Spreamplifier input as our reference point. We can combine the bandpass filter

(BPF), directional coupler, and cable losses together to get a loss of 0.9 dB before
the preamplifier.

Antenna: TA = 70 *K
BPF, directional coupler, cable: F1 = 0.9 dB = 1.23 G1 = 0.81
Preamplifier: F 2 = 1.0 dB = 1.26 G 2 = 1000
Cable: F 3 = 12 dB = 15.85 G 3 = 0.063
Receiver: F 4 = 9 dB = 7.94

"We can calculate the equivalent system noise temperature as follows:

VT1 = (1.23 - 1) 300 = 69.0 °K
T2 = (1.26 - 1) 290 = 75.4 *K
T3 = (15.85 - 1) 290 = 4306.5 °K
T 4 = (7.94 - 1) 290 = 2012.6 °K

Tsystem = 70/1.23 + 69.0/1.23 + 75.4 + 4306.5/1000 + 2012.6/63

Tsystem = 56.9 + 56.1 + 75.4 + 4.3 + 31.9 = 224.6 *K.

The system noise temperature can be changed by varying the gain and/or noise
temperature of the system components. Increasing the noise figure of the receiver

to 12 dB would increase the system noise temperature by 36 degrees and reduce the
sensitivity by 0.6 dB. Increasing the gain of the preamplifier by 6 dB would
decrease the system noise temperature by 27 degrees and increase the sensitivity by
0.6 dB. Decreasing the loss before the preamplifier by 0.2 dB would decrease the
noise temperature by 10 degrees and increase the sensitivity by 0.4 dB ( 0.2 dB due
to less noise and 0.2 dB due to more signal).

- ., *, If we assume the antenna gain is 32.2 dBi, the system G/T can be calculated from
0• the ratio of the effective signal gain at the preamplifier input to the effective

system noise temperature at the preamplifier input:

G/T = (32.2 - 0.9) - 10 log (224.6)

G/T = 7.8 dB/OK.
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5.2.3 Downconverter

The purpose of the downconverter is to translate the input signal to a lower
frequency. A typical example is to translate the 2200 to 2300 MHz band to 215 to
315 MHz. This is useful because it reduces the cable loss (dB) by a factor of
approximately 3. Telemetry signals are currently transmitted in four separate bands
1435 to 1540 MHz, 1700 to 1850 MHz, 2200 to 2300 MHz, and 2310 to 2390 MHz.
If the signals are all downconverted to 215 to 320 MHz, then a single receiver tuner
can be used for all four telemetry bands. The disadvantage is that a separate cable
is needed for each frequency band after the downconverter. The important
parameters include: noise figure, VSWR, gain, I dB gain compression point, 60 dB
intermodulation distortion point, bandwidth, gain, and local oscillator stability,
accuracy, and phase noise.

5.2.4 Multicoupler

The purpose of the multicoupler is to provide several, isolated outputs from one
- input. This allows one RF signal to be applied to several receivers. These receivers

"can be redundantly receiving one signal or be tuned to several frequencies. The
important parameters include: noise figure, VSWR, I dB gain compression point, 60
dB intermodulation distortion point, bandwidth, gain, and isolation between outputs.

5.

Ul
si

nf

'5

:• 5.2 - 4
6o

2 -



5.3 TELEMETRY RECEIVERS AND DIVERSITY COMBINERS

5.3.1 Introduction

"A telemetr. receiver takes an incoming radio frequency (RF) signal and translates
the desired portion of the spectrum to a lower frequency. This lower frequenc\ is

"called the final intermediate frequency (IF) frequency. Most telemetry recei\ers
include 2 or 3 stages of frequency translation. The multiple stages make it easier t1
reject image and spurious signals. The receiver final IF output frequency is
typically 10 or 20 MHz (some receivers use a 70 MHz final IF frequency). This
signal is then routed to a demodulator (FM, AM, PM, or PSK), a predetection
downconverter, and frequently a diversity combiner. The demodulated and 'or

-'- Fredetection signals are recorded on magnetic tape and also sent to the data
p,:acessing and display facility.

The important characteristics of a telemetry receiver include:

I. Frequency accuracy, stability, and phase noise.

2. Noise figure

3. Overall amplitude and phase response

4. Spurious and image rejection

5, Automatic gain control (AGC) linearity, stability, and transient response

6. Demodulator linearity, stability, acquisition time, and noise performance.

Diversity signal combining is a method of "adding" 2 or more independent signals.
The most common type of diversity in telemetry signals is polarization diversit\.
Most telemetry receiving antennas have 2 independent outputs, usually left- and
right-hand circular polarization or horizontal and vertical polarization. A properl.
aligned predetection polarization diversity combiner will allow the receiving s\stem t''
perfectly match the polarization of the incoming signal. Another common type of

. telemetry diversity is space diversity. This involves the use of 2 or more separate
-• telemetry antennas. The signals from these antennas are typically selected rather

than combined because of the problems encountered in keeping the signals time
"aligned. Space diversity is especially helpful when multipath or flame attenuation i•

. encountered. Other types of diversity include frequency and time diversit\.

?, The two types of telemetry combiners are predetection combiners and postdetectiwn
"combiners. A predetection polarization diveisity combiner must phase align the
input signals and then weight the signals proportionally to the ratio of the signal to
mean square noise in each channel. A postdetection polarization diversity comhiner
ldoes not have to phase align the signals.

,,'.5. 3 - 1
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However, the signals still need to be time aligned. Most telemetry combiners wAeight
"the signals based on the receiver AGC voltages. A wideband AM signal can be
summed with the AGC signal lO to improve performance when the RE signal
fluctuates in amplitude rapidly. Another method of combiner weighting is to use
detected noise to weight the channels.

5.3.2 Receiser Noise Figure

The receiver is usually preceded by amplifiers with low noise figures. As long a1
the net gain between the input to the first amplifier and the input to the receixer i1
large, the effect of the receiver noise figure is small because the receiver noise
contribition is proportional to the receiver noise temperature divided by the net
power gain. Typical receiver noise figures vary from 6 to 12 dB.

-5.3.3 Recejier Local Oscillators

Most new telemetry receivers include synthesized local oscillators. This usually
means that the receiver's frequency accuracy and stability versus time and
temperature is good (provided that the basic crystal does not drift). Frequency
-synthesizers can have problems with phase noise and spurious signals. These
problems can usually be detected by monitoring the local oscillator output using a

* spectrum analyzer.

"5.3.4 Receiier IF and Video Filters

The overall frequency and phase response of the receiver predetection and video
outputs are largely determined by the IF bandpass filters and the lowpass filters at
the video and predetection outputs. The step response of linear phase filters is
better than that of maximally flat amplitude response filters. This is especially

- important when receiving signals with baseband PAM. Most receiver IF and video
"filter bandwidths are available with only a few fixed bandwidths. The standard

IRIG bandwidths are: 300, 500, 750. 1000, 1500, 2400, 3300, 4000, 6000, and 10.000

kliz. A few narrower bandwidths are listed in the Telemetry Standards but they are
rarely used for receiving data. All IF bandwidths are probably not available at one
recei\ ing site. The "best" choices of receiver bandwidths for various received signals
are discussed in section 3 of this handbook. A sample receiver IF filter amplitude
- ersus frequency response is shown if figure 5.3-1. The output amplitude rolls off
rapidly outside of the 3 dB passband.

5.3.5 AGC Time Constant

The receixer AGC time constant for data receivers should be the fastest a'ailable
(usually 0.1 ms). Fast AGC time constants minimize the amount of time the
receixer is captured by noise during signal fades and saturated during signal
increases. There do not seem to be anN disadvantages of fast AGC time constants

o for data receivers (receiver assumed to be stable for all available time constants).

HI tll,. F.R. ".4.%f .4(;"C Vei.:,hcd Pl:.-1)ctcl't,, [):icrtt' .V ('o hn.inn,"i in (o.d11[,
""Of Iniiternatioial T+cniciecrt,,' ('onfrcnacc.. fol. 13, pp 215-23S. Oct. IV 7.
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5.3.6 Demodulator Loop Bandiidth (PMl and PSK)

The best loop bandwidth is a function of expected fade rate, frequenct stabilit.
and data rate. If flame attenuation is expected, a relatiels wide loop bandAidt h
should be used. e.g.. 10 kHz. The disadvantage of wide loop bandwidths is that :I

higher IF SNR is required to keep the loop in lock. If the signal is predetectiun
recorded, the loop bandwidth can be varied in post-flight mode to recover the
maximum amount of data.

5.3.7 Automatic Frequency Control (AFC)

The receiver AFC circuit attempts to keep the incoming signal centered within the
receiver passband. However, using AFC at low IF SNRs usually degrades the data
quality. Another problem with AFC occurs when two receivers with independent
"local oscillators in AFC mode are used with a predetection combiner. The AFC
circuits introduce excess phase modulation which the combiner phase-locked loop
(P1.1.) has difficultly tracking.

5.3.8 Predetection Carrier

The predetection carrier signal is a replica of the RF signal which has been
"bandpass filtered and translated to a lower frequency. The predetection carrier is
mainly used to record a replica of the transmitted signal with the least processing
before recording. This allows the data reduction center to modify bandwidth and
demodulator parameters to attempt to improve data quality. Once the data has been
demodulated using less than optimum parameters it is usually impossible to correct
the degradation! One example of this is the use of a PM demodulator loop
bandwidth that is too wide to track the incidental phase changes which occur during
a mission. Each time the demodulator loses lock the data will be useless
until lock is reacquired. Therefore, predetection recording is often specified by the
data users. The IRIG 106-86 standard predetection carrier center frequencies are:
112.5, 150, 225, 300, 450, 600, 900, 1200, 1800, and 2400 kHz. Normally,
frequencies of 450 kHz and higher are used. The receiver IF bandwidth should be
less than or equal to twice the predetection carrier center frequency. The
disadvantage of predetection recording is that it requires at least twice the bandwidth

i' of baseband recording techniques. This is a problem for missions that last a long
time and missions with wide data bandwidths. The preferred method of
"demodulation is to use an upconverter and playback receiver. Unfortunately. this
hardware is not available at many telemetry data reduction centers. These centers
usually use tuneable discriminators. These discriminators have less frequency
response capability than playback receivers plus their bandpass filter response
characteristics are often not very good.

5.3.9 Pop Noise Symmetry

Pop noise is discussed in subsection 3.11 of this handbook. If the receiver is
r improperly tuned or the IF filter characteristic is non-svmmn etrical the pop noise ", ill

be non-symmetrical,

5.3.10 Signal Strength

The receiver AGC voltages are linearlv related to input signal power from
approximately a +6 dB SNR (lower itf a synchronous detector is used) to a high
signal level. If the AGC ',oltages are properly calibrated, they provide a good
indication of the received SNR at a gisen time. Since the A(,(' system responds it)
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power at the receiver input rather than to SNR, the AGC signal is only a relative
measure of SNR until it is calibrated. Many receiver AGC systems tend to be
influenced by temperature. Therefore, the AGCs are not stable until the receiver
temperature stabilizes. The AGC signals are typically used as weighting signals for
diversity combiners and as inputs to antenna tracking systems. In addition, the
AGC signals are usually FM multiplexed with the timing and voice signals and
recorded on the magnetic tape along with the telemetry data.

5.3.11 Diiersity Combining

An optimal ratio diversity predetection combiner has a theoretical output SNR
(power ratio) equal to the sum of the input SNRs (expressed as power ratios). This
improvement results from adding the signals coherently while adding the noise
non-coherently. The theoretical improvement that can be achieved by an optimal
ratio predetection combiner relative to the best input signal is shown in figure 5.3-2
for differences in input SNR between 0 and 10 dB. The theoretical improvement
that can be achieved by an optimal ratio predetection combiner relative to a given
fixed input signal is shown in figure 5.3-3 for the independent signal varying from
10 dB worse than the reference to 10 dB better than the reference. A properly
designed and aligned predetection combiner used with a properly matched receiving

%, system performs very close to the theoretical limit. However, the AGC systems in
* many telemetry receivers tend to change with receiver temperature and tuning

frequency. Therefore, the combiner and the receiving system need to be carefully
aligned for optimum performance. The degradation from optimum performance for
a 3 dB weighting error is shown in figure 5.3-4. This data shows that 0.5 db is the
maximum degradation from optimum with a 3 dB weighting error. The maximum

i;.J degradation with a 6 dB weighting error is 2 dB. The degradation from optimum
performance for phase alignment errors between 0 and 90 degrees is shown in figure
5.3-5. The degradation is approximately 0.5 dB with a 40 degree misalignment and
3 dB with a 90 degree misalignment.

.*- A two channel polarization diversity combiner can offer more than 3 dB of
improvement relative to one of the incoming polarizations. The amount of
improvement depends on the transmitting antenna design and the aspect angle
between antennas. Typical values'I for circular polarization reception and random
aspect angles are shown in table 5.3-1.

• -". Table 5.3-1. Typical improvement of polarization diversity compared to
single channel for missile antennas.

Percent Improvement over
Coverage single channel (dB)

50 3
90 5
95 7
99 9

•'V1

/e 'rns, K.L. "Reinf/its of Polari-ation Dtversit v Reception." in Procc'dipi,,s of

"5--" International Teh'mete'rtng Con/ference' 1"ol. 20. pp 627-642. Oct. 1•84.
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Percent coverage refers to the percentage of the sphere around the antenna where a
certain gain is equaled or exceeded. The data in table 5.3-1 shows that 50% of the
time the combined output would be at least 3 dB better than a given channel. The
data also shows that 1% of the time the improvement will be at least 9 dB. In other
words, 99% of the time the improvement will be less than 9 dB. Another way of
stating this is that if we want good data 99% of the time the use of optimal ratio

--",predetection combining versus using only one polarization (not selecting the the best),
can increase the link margin by 9 dB. Table 5.3-1 only includes effects due to
transmitting antenna pattern polarization. The effects of multipath, ducting, flame
attenuation, etc. are not included in table 5.3-1.

5.3.12 Diiersitv Combining of PCNI/FNI Signals

Predetection combining works well for PCM/FFM signals as long as the combiner
phase-lock loop (PLL) can properly align the IF signals. The major sources of Pll,
problems are:

I. Telemetry receivers in AFC mode with independent local oscillator

2. The frequency difference between the IF signals may be too large for the
phase-lock loop to attain lock.

Therefore, AFC should not be used with predetection combining and the receivers
should be operated from a common local oscillator if possible.

Postdetection combining does not work as well as predetection combining for
PCM/FM. The basic problem is that most of the bit errors in a near optimum
PCM/FM system are caused by "pop" noise. An unfiltered pop has an area equal to
one cycle. The area of an unfiltered PCM bit with peak deviation equal to 0.35
times the bit rate is 0.35 cycle. Therefore, the sum of two unfiltered bits is less
than the amplitude of an unfiltered noise pop. The BER at the postdetection
combined output is approximately equal to the BER of the best input channel.
Therefore, its performance is like that of a selector rather than an optimal ratio
combiner.

-",J
5.3.13 Diversity Combining of PCNI/PNI Signals

. Both predetection and postdetection combining work well for PCM/PM with carrier
tracking demodulators as long as the demodulator is locked to the carrier.
Predetection combining also works well for carrier reconstruction demodulators
(Costas loop, squaring loop, etc) as long as the demodulator is locked to the input
signal. Postdetection combining can not be used with carrier reconstruction
demodulators unless an automatic polarity alignment circuit is added to the combiner
to correct for the polarity uncertainty at the demodulator output. Without this
circuit, the combiner could add two signals with opposite polarity and produce onl\
noise at the output.

V.
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5.4 MAGNETIC TAPE RECORDERS/REPRODUCERS

5.4.1 Introduction

The purpose of this section is to discuss the important functions of the
,,. recorder/reproducer system in storing telemetry data for non-real time data

r.- processing operations. The characteristics of magnetic recording systems are
discussed in references 12 through 19. The requirement to store telemetry data
occurs frequently because: data rates may be too high to be processed in real time,
data is recorded at a remote receiv:ng site and relayed to a central processing site,
detailed post-flight analysis is required for certain portions of mission data, there are
"shortages of data processing equipment and/or technical personnel, and there is a
requirement to provide data for archival storage. The performance functions to be
discussed include: amplitude and phase response, noise power spectral density,
intermodulation distortion, signal-to-noise ratio (SNR), harmonic distortion,

*: ,~cross-talk, and the effects caused by tape speed variations. Consideration is also
given to FM, direct, predetection and post-detection recording techniques, and the
accepted head and tape handling practices. It is assumed during these discussions
that all standard conditions, test methods, and measurement procedures of the iRIG
documents 106-xx and l 18-xx are adhered to in the selection of the
recorder/reproducer system and in its alignment.

12 Secretariat, Range Commanders Council. Telemetry, Standards. White Sands Missile
Range. NM, RCC. May 1986. (IRIG Standard 106-86).

'13Jorgensen. F. The Complete Handbook of Magnetic Recording. TAB Books. Blue
Ridge Summit. PA. 1980.

14 Camras. M. Magnetic Tape Recording. Van Nostrand. New York, 1985.

"15White. R. Introduction to Magnetic Recording. IEEE Pre.ss. New York, 1984

16 Daniel, E. D. and C. D. Mee. Eds. M 'avietic Recordin,-vol. 1: TechnologL.
.0;• McGraw-Hill. New York, 1986.

17Mee. C. D. and E. D. Daniel. Eds. Magnetic Recordingu-vol. Ii. Applications
McGraw-Hill. New York, 1987.

. 8 ,fMallinson. J. C. Foundations of Alawnetic Recording'. Academic Press. Orlando.
"FL. 1987.

"9 Proceedings of the IEEE. November 19S6.
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A recapitulation of terms and parameters from the IRIG Telemetry Standards is
given to alert operator awareness to the necessary considerations which must be made
when using a recorder/reproducer system in the telemetry link.

I. Recorder/reproducer systems are classified by bandwidth. Intermediate
bandwidth systems provide a maximum frequency response of 600 kHz at a
tape speed of 60 IPS, wideband systems provide a maximum frequency response
of 4.0 MHz at a tape speed of 240 IPS, and double density systems provide a
"maximum frequency response of 4.0 MHz at a tape speed of 120 IPS.

2. Recording methods are classified by the method which is used to put the
information signal onto the magnetic tape. Direct recording is accomplished by
adding a high frequency bias signal to the information signal at the record
head before storage on the magnetic tape. FM recording is accomplished by
applying an information signal to a subcarrier oscillator whose modulated
output is applied to the record head. When using this method of recording,
the high frequency bias signal may or may not be injected to the record head.

3. Record/reproduce signal levels and input/output impedances are important
%,. requirements to maintaining expected system performance. IRIG 106-86 states

the recorder input and output impedances for all three classes of systems shall
be 75 ohms nominal at all frequencies in the passband. However, some
installations have a preference for 50 ohm outputs. In any event, it is highly
advisable to pay attention to these impedances, especially when using long
coaxial cables carrying high frequency signals.

4. Predetection recording (Pre-D) is the process of recording telemetry data
signals prior to detection. In general, the practice involves heterodyning the
output of the final IF in the receiver/combiner to a carrier frequency which
falls within the passband of the recorder/reproducer system. The standard
predetection carrier center frequencies vary from 112.5 to 2400 kHz. The
heterodyned center frequency containing the data multiplex may then be
"direct" recorded on the recorder/reproducer system. The purpose of recording
the transmitted telemetry data multiplex in this manner is that it allows the
opportunity to select optimum characteristics for the type of detector, signal
conditioners, and other data processing equipments to provide the highest
quality data in non-real time operations.

5. Post-detection (Post-D) recording is the process of recording received
telemetry data signals after "detection" in the receiver system. It involves the
recording of the raw telemetry signal before or after signal conditioning,
including bit synchronization, and recording is done in the FM or direct record
modes of operation; thus eliminating the need for heterodyning as in the Pre-D
recording process. FM recording is used when a DC or very low frequency
needs to be recorded and reproduced accurately. Post-detection direct
recording is used with signals which do not have important information at
frequencies below the reproduce system low frequency cutoff.

5.4 2



5.4.2 Head Segment Gap Azimuth

This is defined in IRIG 106 (Telemetry Standards) as the angle formed in the plane
of the tape between a line perpendicular to the head reference plane and a line
parallel to the trailing edge of the record head segment gap or parallel to the center
line of the reproduce head segment gap. The azimuth should always be peaked on
the prime data track that you are playing back. All tracks are supposed to be within
2 dB of each other but they may not be! The problem that misadjusted azimuth
creates is shown in figure 5.4-1. The reproduce gap segment was modelled as four
separate segments (slanted line crossing the four signals). The output signal is the
sum of the signals in each segment. As the frequency increases the phase differences
along the gap increase. This causes the output signal to decrease in amplitude. The
azimuth loss can be calculated using:

azimuth loss = 20 log ((sin x)/x)

where:
x = (7rw tan a)/A (radians)
w = width of recorded track
a= angle of misalignment
A = wavelength of recorded signal.

If we assume that the track width is 50 mils, the angle of misalignment is I minute
of arc, and the wavelength is 60 microinches we get an azimuth loss of 0.85 dB. If
we increase the angle of misalignment to 2 minutes of arc we get a loss of 3.6 dB.
If we now decrease the wavelength to 30 microinches (double density recording) we
get an azimuth loss of 29.3 dB. We can decrease this loss to 3.6 dB by decreasing
the track width to 25 mils. The azimuth loss is a function of the product of the
track width in inches and the azimuth error in radians divided by the wavelength in
inches. When this term is approximately equal to 1.39 the azimuth loss is 3 dB.
When this term is approximately 0.82 the azimuth loss is I dB. The azimuth loss for
a 50 mil track width with 2 and 4 minutes of azimuth error is plotted in figure
5.4-2 as a function of frequency.

Azimuth alignment between reproduce head and the signal recorded on tape is
extremely important in achieving full system response and in establishing cross play
capability between different systems. Optimum frequency response and system to
system compatibility can only be achieved when these alignments are maintained in
accordance with the IRIG Telemetry Standards and monitored diligently.
Misalignment of azimuth can significantly degrade system frequency response and

* subsequently data quality. A common practice is to align the reproduce head
azimuth to produce the highest amplitude, of an upper bandedge signal, at the
reproducer output. Some recorder/reproducer systems also have azimuth adjustableI '?record heads; great caution must be exercised when adjusting the azimuth of the

record heads so as not to destroy the alignment compatibility between different
recorder/reproducer systems.

The correct azimuth alignment of the record head is a very important requirement to
achieving system to system compatibility. Many recorder/reproducer manufacturers
provide precision fixed mounting plates for the record heads; they do not include an
adjustment for azimuth alignment by station operators. However, some systems do
have external azimuth alignment adjustments accessible to station operators. Great
caution must be exercised with those systems having external record head azimuth

WI adjustments or system to system compatibility can and will be degraded or destroyed
completely. The procedure to follow for correctly adjusting the azimuth alignment

5.4 - 3
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in systems with adjustable record head involves the use of a "standard" pre-recorded
magnetic tape which contains record head azimuth adjustment signal information.
The procedure, therefore, references all record head azimuth alignments to a
standard recorder/reproducer system. The pre-recorded tape is reproduced on the
system in question, the reproduce head azimuth is adjusted to produce the desired
output from the pre-recorded tape. After having carefully adjusted the reproduce
head azimuth, an upper-bandedge (UBE) signal is recorded and reproduced in
real-time. The record head is then adjusted in real-time to produce the peak output
amplitude of the upper-bandedge signal at the reproducer system output. It is
highly advisable, due to the importance of this adjustment, to input a swept
frequency signal to the system, record and reproduce it in real-time, and observe the
output of the reproducer system for the desired continuous sweep frequency signal.
Nodes of reduced amplitude in the reproduLed sweep signal indicate that the azimuth

*,' adjustment has been cone incorrectly and therefore, the procedure should be
repeated. The correct record head azimuth adjustment is an assurance that system to
system compatibility will not be degraded due to misalignment of this parameter.

% 5.4.3 Spacing Loss

Spacing loss is caused by the effective spacing between the magnetic head and the
magnetic particles in the tape. The formula for spacing (aka separation) loss was

* developed by Wallace 2 0 in 1951:

spacing loss = e-2,rd/A

spacing loss (dB) = 20 logl 0 e -27rd,',

spacing loss (dB) = 54.6 d/A dB

where:
d = effective spacing between reproduce head and magnetic medium

A2= recorded wavelength.

If we record a I MHz sine wave at a tape speed of 60 inches per second and the
effective head-to-tape separation is 18 microinches we get a spacing loss of:

54.6 (18x10- 6 /60x10- 6 ) = 16.4 dB.

Therefore, the spacing loss significantly lowers the slot SNR at short wavelengths.
The effective spacing is a function of the physical spacing, tape roughness, and
record and reproduce head gap lengths. Debris on the tape can decrease short
wavelength signals to obscurity!

20lVallace. R L. "The Reproductin of ,!a,pliclta/lly Recorded Signal". Re/I Svqci?
Technical Journal. Ocdohcr 1951.
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5.4.4 Reproduce Gap Loss

The reproduce gap loss is caused by the finite length of the reproduce gap. This is
illustrated in figure 5.4-3. The output signal is the a~erage of the signals within the
gap. 'When the recorded wave length is equal to the effective gap length, the
axerage flux across the gap is zero, and therefore the induced voltage is zero. The

- formula for reproduce gap loss is:

gap loss = (sin x)/x
or

gap loss (dB) = 20 log ((sin xI),x
w here:

x = 7
A\ Is the recorded wavelength
i is the effective reproduce gap length.

The reproduce gap loss as a function of frequency is plotted in figure 5.4-4 for
reproduce gap lengths of 12 and 28 microinches. The loss due to a 28 microinch
reproduce gap length at a wavelength of 60 microinches is 3.4 dB. The loss at a
wavelength of 120 microinches is 0.8 d13.

5.4.5 Bias Recording

The purpose of recording with a bias signal is to o'~ercomie the Inherent
non-linearity of the record and reproduce pro:esýses, (see fiQcure 5.4-5). Th e input 'is
along the Br axis and the output Is along the II fi in tic11ure 5.4-5. If' wec reccrd
a small signal (solid line), the output amplitude is smnAll. It' we record \Aith a large
signal (dashed line), the distort ion is ses ere \ e cain i\ ercomie some of these
problems by using DC-bias as sho\~ n In tigýure S 4 -f. lo~ e\ er, the S\R is still
poor and *.he heads tend to be:omie niac net jid \ýidetýi nd i n~!rulnientat on recorders
typically skim an ac - bia signal s. ith the >inlto he rec&.rde~d Tefeuny
this bias signal should he at le:i,,t 35timet, tlil hielheit frjgen ignl to be
recorded. The effect of the :t .> enii, ta~ thet S \R and red uce thle
distortion. This Is illustrated in~~ 4 1Ic he urmil h'a~i -urrent setting is 2
(113 o\ erb ias (upper ba-nded : si,, Iid U1I 1 1:-;L I U,ý 1' Ia td 'ed O d B fro~m
ma x Im umn). [he effectsý of ujndt~n ill! 1-:A I-, liu1ttlited in f'icre S.4-8. I f
linearit\ is not imlportant thec S\R ni.i,, irp ta...)\ the u~t Of \MLaitrat on
recording instead itf M\ '-hi]'.re, .Jn

* ~5.4.6 Fqualiiatioii

[lie purpwe !I.?t'.iil.ti :tail I l! ' .1 11 ale .ind phi~ie t rinie r
tkinctIi'ný f the, rtt'til itid rt-;i, L ia fa\ -p tit ~u~~irt 'd

$r'qlnc .it'teit -- tI * . ,A~ r1 ~t, it thi, input i'ý the eq)uaili'e
in h I nt i u r t, j I It I.......... a i1 I- I~ in Ii et S 4- 1.
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5.4.7 Reproducer Output SNR

The wideband SNR (dB) (direct recording) at the output of a properly aligned
record/ reproduce system varies from the low-twenties to the mid-thirties at tape
speeds above 15 ips. The SNR (dB) in a 3 kHz bandwidth with a wideband direct
system at a tae speed of 120 ips and a frequency of 400 kHz can exceed 70 dB in
"a well aligned system. The SNR is lower at other frequencies. These SNRs are
more than adequate for most telemetry applications. The SNR is degraded by tape
copying (dubbing). Tape dropouts can also degrade the SNR for short time
intervals. The biggest sources of SNR problems seem to be: improper record level,
improper bias level, undetected equipment problems, material build-up on the heads,
and improper azimuth alignment.

5.4.8 Predetection Recording

As discussed earlier, there are several methods for recording telemetry signals.
These methods are illustrated in figure 5.4-11. This subsection will only discuss
predetection recording. Typical performance data will be presented both with a tape
recorder/reproducer and with the recorder bypassed and with demodulation at the
tape carrier frequency and after upconversion to a higher frequency (typically 10 or
20 MHz). The data in this subsection are for PCM signals. Predetection recording
is also frequently used for PAM signals.

,..[ ~.*Figure 5.4-12 shows that the BER performance of 300 kb/s NRZ-L PCM/FM is the
same with either a 450-kHz or a 900-kHz predetection carrier frequency. The BER
performance of the predetection signals with 500 kHz receiver and playback IF
bandwidths was approximately I dB better than the BER performance of direct
receiver video with a 500-kHz IF bandwidth. The reason for this is that putting
two 500-kHz bandwidth filters in series results in a filter with a bandwidth of
approximately 400 kHz. This increases the actual IF SNR by I dB and therefore
improves the BER by approximately I dB. An entry of 0 in the legend for the
figures in this subsection means that part of the test setup was not used for this
"data; e.g., no recorder was used for the data in figure 5.4-12. The data presented
in figure 5.4-13 show the effects of receiver IF bandwidth and tape recording on
BER performance. The degradation due to widening the receiver IF bandwidth at a
10-4 BER was approximately 1.1 and 2.3 dB for the 2.4- and 4.0-MHz bandwidths,

. respectively. The recorder/reproducer caused a degradation of no more than 0.3 dB.
Figure 5.4-14 shows the effect of varying the receiver IF bandwidth at a bit rate of
900 kb/s and a predetection frequency of 900 kHz. The BERs with the 1000- and
1500-kHz bandwidths were very similar, while the 2400-kHz bandwidth caused
approximately 0.5 dB of degradation and the 4000-kHz bandwidth caused
approximately 1.8 dB of degradation at a BER of 10-4. The degradation with the
4000-kHz IF bandwidth is mostly caused by noise folding back across zero hertz and
"increasing the noise power in the playback demodulator's passband. This is
illustrated in figure 5.4-15. The higher amplitude trace in each group is the noise

Ol with a 3000-kHz IF bandwidth and the lower amplitude trace is the noise with a
1500-kHz IF bandwidth. The noise power is the same with both filters for

,,.- ,, frequencies between 9.6 and 10.4 MHz and 900 and 1300 kHz. However, the
3000-kIlz IF bandwidth causes the noise power between 500 kHz and 800 kHz to
increase by I to 2 dB. The predetection downconverter also does some low pass
filtering. The unmodulated carrier level was 0 dBc for these plots. Figure 5.4-16
shows that using a 900-kHz predetection carrier with 900 kb/s NRZ-L PCM/FM
data causes a data degradation of approximately 0.2 dB at a 10-4 BER when
compared to the BER performance using a 1.8-Milz predetection carrier frequency.

5.4 - 16@4

W.V~N.



cn)

C) CD)

CC LUJ LUL
CD cc cl C

LU
CC LL EL

U 0 0

CE F- FI

Cl LU LUCa

Cl Ql

1-4 40

LLJ (L

m Q)

UU U
Cl U)
0.(. _j

-r I-)

cr cr LU :
F- UJ .*1*> 

. ý-

M: " co L

5.4 -17



-UlD 67T FEAT , 4B PBK PRE L ID PEAK RCD
TYPE kk s kH. kH: kHI kHz DEV IPS

X NR7-L PCM/FM 300 1000 0 0 250 107 0

+ NRZ-L PCM/FM 300 500 0 0 250 107 0
o NRZ L PCM/FM 300 500 500 900 250 107 0

* NRZ-L PCM/FM 300 500 500 450 250 107 0

10-1 , I ,

ILL
<: 10-3

or

-p-.

C)

S 10--4

10-ID I•

1 0 6 I I I , I I I I

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 5.4-12. BER with 300 kb/s and 450 and 900 kHz PRE-D.
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TOD BIT RATE IB - -

TYPE kbi/s k H: - .i .- :

A X NRZ-L PCM/FM 600 4000 1000 9X, 5,, 3 120

0 NRZ-L PCM/FM 600 4000 1000 900 50 214 C
+ NRZ-L PCM/FM 600 2400 1000 900 50C 2:4 120

o NRZ-L PCM/FM 600 2400 1000 900 500 214 0
* NRZ-L PCM/FM 600 1000 1000 900 500 214 0

A10-1 
r" v

*1.-

10-2

FT-

m
cD

ILl

- i0-4

10-5

10 -6 I I i I i I

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 5.4-13. BER with and without Recording.
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MOD BIT RATE IFBW PBK PRED VID PEAK RCD
TYPE kb/s kHz kHz kHz kHZ DEV IPS

0 NRZ-L 2CM/FM 900 4000 1000 900 1000 321 0
+ NRZ-L PCM/FM 900 2400 1000 900 1000 321 0
0 NRZ-L PCM/FM 900 1500 1000 900 1000 321 0
* NRZ-L PCM/FM 900 1000 1000 900 1000 321 0

-S,,, 10-1 I

"10-2

<c 10-3

CD

- i n I I-

ILL

10-4_

i• ~10-5_

"",." -. ~10 -6 ,

"3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 5.4-14. BER for 900 kb/s and 900 kHz PRE-D.

5.4 - 20

ei



MOo BIT RATE IFBW PBK PRED VID PEAK RCD
TYPE kb/s kHz kHz kHz kHz DEV IPS

X NRZ-L PCM/FM 600 4000 1000 900 500 214 120
0 NRZ-L PCM/FM 600 4000 1000 900 500 214 0
+ NRZ-L PCM/FM 600 2400 1000 900 500 214 120

o NRZ-L PCM/FM 600 2400 1000 900 500 214 0
* NRZ-L PCM/FM 600 1000 1000 900 500 214 0

1O-1 )A . .. r, v I

10-1

10-2

* H--

F-

10-

i0- 5 1

10 -6 I I I I I I I I I

3 6 9 12 15

IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 5.4-13. BER with and without Recording.
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This slight degradation may well be preferable to doubling the tape speed so that
the 1.8-MHz predetection carrier could be used.

The data in figure 5.4-17 show that upconversion and demodulation perform
"approximately 1.6 dB better than demodulation at the tape carrier frequency when
"the NRZ PCM,'FM bit rate is equal to the predetection carrier frequency. Most of
the degradation is due to excessive bandpass filtering in the tape carrier
discriminator. The bandwidth is only 720 kHz (900 ±40%) which degrades the BER
by more than I dB.

The data in figure 5.4-18 show that a 1200-kHz predetection carrier performs 2 to 3
dB better than a 900-kHz carrier for 1200 kb/s NRZ-M PCM/PM (900). Figure
5.4-19 presents data for biphase-level PCM/PM (75') for demodulation at 900 kHz
and at 10 MHz (PRED = 0). Demodulation at 900 kHz degrades the 300-kb/s
performance by 0.3 dB and the 600-kb/s performance by 1 dB at a 10-4 BER.
The difference in BER performance at a 10-4 BER between 300 kb/s and 450 kb/s
is approximately 0.5 dB, while the difference between 300 kb/s and 600 kb/s is
approximately 1.8 dB. This suggests that the highest recommended biphase bit rate
should be one-half of the predetection frequency.

"5.4.9 Serial High Density Digital Recording (HDDR)
I

Serial HDDR is a method of recording digital data on a magnetic tape where the
digital data is applied to one track of the recording system as a bi-level signal 2 1 ,2 2 .
Reference 22 also includes discussions of parallel HDDR ant error correction codes
for magnetic recording. The codes recommended for serial HDDR recording of
telemetry data are biphase-level and randomized NRZ-L (RNRZ-L). The maximum
recommended bit packing densities for reliable data interchange are 0.9 bits/Hz for
biphase-level and 1.5 bits/Hz for RNRZ-L

The properties of the biphase-level and RNRZ-L codes relevant to serial HDDR and
the methods for generating and decoding RNRZ-L are described below. Recording
with bias is required for interchange applications because reproduce amplifier phase
and amplitude equalization adjustments for tapes recorded without bias usually differ
from those required for tapes recorded with bias.

The biphase-level and RNRZ-L codes were selected for this standard because the
"- "level" versions are easier to generate and are usually available as outputs from bit

synchronizers. "Mark" and "Space" codes also have about twice as many errors as the
level codes for the same SNR. If polarity insensitivity is a major consideration,
agreement between interchange parties should be obtained before these codes are
used.

#.

2 1 Law, E. L. Serial High Density Digital Recording Using a Wideband Analog' IRIG
Recorder/Reproducer. Pacific Missile Test Center, Point Mugu, CA, May 1981

"2 2 Kalil, F. and A. Buschman (Eds.) High-Densit, Digital Recording. NASA
Reference Publication 1111, September 1985.
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MOD BIT RATE IFBW PBK PRED VID PEAK RCD
TYPE kb/s kHz kHz kHz kHz DEV IPS

0 NRZ-L PCM/FM 900 2400 720 900 600 321 0
+ NRZ-L PCM/FM 900 2400 1000 900 1000 321 0
o NRZ-L PCM/FM 900 1500 720 900 600 321 0
x NRZ-L PCM/FM 900 1500 1000 900 1000 321 0

10' 110-1

10-2

cr

tm

Fr

:•" LLJ

1

I-l-

10-6 I I I I I I I I

IF SNR (dB) in BANDWIDTH=BIT RATE

Figure 5.4-17. Upconversion versus Tape Carrier Demodulation.

5.4 - 24



MOD BIT RATE IFBW PBK PRED VID PEAK RCD
TYPE kb/s kHz kHz kHz kHz DEV IPS

0 NRZ-M PCM/PM 1200 1500 2400 900 1000 90 0
+ NRZ-M PCM/PM 1200 2400 1500 900 1000 90 0
o NRZ-M PCM/PM 1200 2400 2400 900 1000 90 0
* NRZ-M PCM/PM 1200 2400 2400 1200 1000 90 0

10-1 , i , 1

10-2

uli
- ic 10- 3

I--1CD

- 10-4

00-5

10-10 -6 I I I I I I I I I

3 6 9 12 15
IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 5.4-18. BER for 1200 kb/s PCM/PM with 900 and 1200 kHz PRE-D.
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MOD BIT RATE IFBW PBK PRED VID PEAK RCD
TYPE kb/s kHz kHz kHz kHz DEV IPS

X BIO-L PCM/PM 600 1500 2000 0 2000 75 0
0 BIO-L PCM/PM 600 1500 2000 900 2000 75 0
+ BIO-L PCM/PM 450 1500 2000 900 2000 75 0
c BIO-L PCM/PM 300 1500 2000 900 2000 75 0
* BIO-L PCM/PM 300 1500 2000 0 2000 75 0

1i -1 1. I I I I I

10-2

r 10 -3
•cFr-

V CD

Jl mJ

:Z,•,10-5

Ioo

10-6'

3 6 9 12 15

IF SNR(dB) in BANDWIDTH=BIT RATE

Figure 5.4-19. BER for 300, 450, and 600 kb/s Biphase PCM/PM.
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Some characteristics of the biphase-level code favorable to serial HDDR are:

I. Only a small proportion of the total signal energy occurs near DC.

2. The maximum time between transitions is I bit period.

3. The symbols for a "one" and a "zero" are antipodal; that is, the symbols are
exact egposites of each other. Therefore, the bit error probability versus SNR
perforioiance is optimum.

4. Biphase-level can be decoded using existing bit synchronizers.

5. Biphase-level is less sensiti,,e to misadjustments of bias and reproducer
equalizers than most other codes.

6. Biphase-ievel performs well at low tape speeds and low bit rates.

The most unfavorable characteristic of the biphase-level code is that it requires
"approximately twice the bandwidth of NRZ. Therefore, the maximum bit packing
density that can be recorded on magnetic tape is relatively low.

Characteristic- of the RNRZ-L code which favor its use for serial HDDR include:

I. RNRZ-L requires approximately one-half the bandwidth of biphase-level.

2. The symbols for a "one" and a "zero" are antipodal; therefore, the bit error
"probability versus SNR performance is optimum.

3. The RNRZ-L decoder is self-synchronizing.

4. The RNRZ-L data can be bit synchronized and signal conditioned using

existing bit synchronizers with the input code selector set to NRZ-L.

5. The RNRZ-L code is easily generated and decoded.

6. The RNRZ-L data can be easily decoded in the reverse mode of tape
playback.

7. The RNRZ-L data are bit detected and decoded using a clock at the bit
rate. Therefore, the phase margin is much larger than that of codes that
require a clock at twice the bit rate for bit detection.

8. The RNRZ-L code does not require overhead bits.

Unfavorable characteristics of the RNRZ-L code for serial IIDDR include:

I. Long runs of bits without a transition are possible although the probability
of occurrence is low, and the maximum run length can be limited by providing
transitions in each data word.

2. Each isolated bit error that occurs after the data has been randomized
causes 3 bit errors in the derandomized output data.

5.4 - 27
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3. The decoder requires 15 consecutive error-free bits to establish and
re-establish error-free operation.

4. The RNRZ-L bit stream can haxe a large low frequency content.
Therefore, reproducing data at tape speeds which produce PCM bit rates less
than 200 kb/s is not recommended unless a bit synchronizer or playback
amplifier with specially designed DC and low frequency restoration circuitry is
available.

5.4.10 Randomizer for RNRZ-L

The randomizer is implemented with a network of shift registers and modulo-2
"adders (exclusive-OR gates). The RNRZ-L bit stream is generated by adding
(modulo-2 the reconstructed NRZ-L PCM data to the modulo-2 sum of the outputs
of the l4tn and 15 th stages of a shift register. The output RNRZ-L stream is also
the input to the shift register (see figure 5.4-20).

The properties of an RNRZ-L bit stream are similar to the properties of a
pseudo-random sequence. A 15-stage RNRZ-L encoder will generate a maximal
length pseudo-random sequence of 215 - I (32,767) bits if the input data consists
only of "zeros" and there is at least a single "one" in the shift register. A maximal
It .gth pseudo-random sequence is also generated when the input data consists only
of "ones" and the shift register contains at least a single "zero." However, if the
shift register contains all "zeros" at the moment that the input bit stream is all
"zeros", the RNRZ-L output bit stream will also be all "zeros." The converse is also
true: when the shift register is filled with "ones" and the input bit stream is all
"ones", the RNRZ-L output bit stream will contain only "ones". In these two cases,
the content of the shift register does not change and the output data is not
randomized. However, the randomizer is not permanently locked-up in this state
because a change in the input data will again produce a randomized output. In
general, if the input bit stream contains runs of X bits without a transition with a
probability of occurrence of p(X), the output will contain runs having a length of
up to (X + 15) bits with a probability of (2-15 x p(X)) bits. Therefore, the outy'ut
can contain long runs of bits without a transition, but the probability of occurrence
is low.

The RNRZ-L bit stream is decoded (derandomized) by adding (modulo-2) the
reconstructed RNRZ-L bit stream to the modulo-2 sum of the outputs of the 14th
and 15th stages of the shift register. The reconstructed RNRZ-L bit stream is the
input to the shift register (see figure 5.4-21). RNRZ-L data which is reproduced
using the reverse playback mode of operation is decoded by adding (modulo-2) the
reconstructed RNRZ-L bit stream to the modulo-2 sum of the outputs of the Ist
and 15 th stages of the shift register (see figure 5.4-21). The net effect is that the
decoding shift register runs "backwards" with respect to the randomizing shift
register.

Although the RNRZ-I. decoder is self--synchronizing, 15 consecutive error-free bits
must be loaded into the shift register before the output data will be valid. A bit
"slip will cause the decoder to lose synchronization, and 15 consecutive error-free
data bits must again be loaded into the shift register before the output data is valid.
Ihe decoded output data, although correct, will contain the bit slip causing a shift
in the data with respect to the frame synchronization pattern. Therefore, frame
synchronization must be re-acquired before the output provides meaningful data.
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Figure 5.4-20. Randomizer.
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The RNRZ-L decoding system has an error multiplication factor of 3 for isolated
bit errors (separated from adjacent bit errors by at least 15 bits). An isolated bit
error introduced after randomization will produce 3 errors in the output data; the
original bit in error, plus 2 additional errors 14 and 15 bits later. In addition, a
burst of errors occurring after the data has been randomized will produce a burst of
errors in the derandomized output. The number of errors in the output depends on
the distribution of errors in the burst and can be greater than, equal to, or less than
the number of errors in the input to the derandomizer. However, the
derandomization process always increases the number of bits between the first and
last error in the burst by 15. Errors introduced prior to randomization are not
affected by either the randomizer or the derandomizer. The reverse decoder has the
same bit error properties as the forward decoder.

Input data containing frequent long runs of bits without transitions creates potential
DC and low frequency restoration problems in PCM bit synchronizers because of the
low frequency cutoff of direct reproducer systems. The restoration problem can be
minimized by reproducing the data at tape speeds which produce a bit rate for
which the maximum time between transitions is less than 100 microseconds.
Additional methods of minimizing these effects include selecting bit synchronizers
which contain special DC and low frequency restoration circuitry or recording data
using biphase-level code.

Alignment of the reproducer system is very important to reproducing high quality
PCM data, that is, with the lowest possible bit error probability. A PCM signature
"using the standard 2047-bit pseudo-random pattern, recorded on the leader and/or
the trailer of the tape, provides a good method for reproducer alignment. When a
pseudo-random bit error detection system is not available or when a PCM signature
signal is not recorded, the recommended procedure for reproducer alignment involves
the use of the eye pattern technique. The eye pattern is the result of super

v positioning the "zeros" and "ones" in the PCM bit stream. The eye pattern is
displayed on an oscilloscope by inserting the raw reproduced bit stream into the
vertical input and the reconstructed bit-rate clock into the external synchronization
input of the oscilloscope. The reproducer head azimuth, amplitude equalizers, and
phase equalizers are then adjusted to produce the eye pattern with the maximum
height and width opening.

0

"V.
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5.5 DATA SYNCHRONIZERS AND DISCRIMINATORS

This section will briefly discuss PCM bit synchronizers, PCM decommutators, and
FM discriminators.

PCM bit synchronizers are devices that reconstruct a binary data stream and a clock
from a noisy analog signal. Most bit synchronizers allow the operator to select input
code, input bit raie, loop bandwidth, bit detector type, and input impedance. The
input code and bit rate should obviously be chosen to match the incoming data.
The best choice for loop bandwidth depends on the application. A narrow
bandwidth performs best when the SNR is low and when there are long periods
with few or no transitions. A wide loop bandwidth performs best when the input
data rate is unstable. The source of instability could be recorder/reproducer time
base error or an unstable clock in the transmitting system. A good nominal choice
is a loop bandwidth of approximately 0.3%. The problem with making the wrong
choice is that additional bit slips can occur. Bit slips can create major problems in
data quality. The best bit detector is usually the filter and sample (F/S) if the
NRZ-L signal has been filtered significantly (effective cutoff of 0.7 times the bit
rate or lower) and the integrate and dump (l/D) with less filtering. PCM frame
synchronizers use the data and clock outputs of the PCM bit synchronizer. The
frame synchronizer first "finds" the synchronization pattern. The location of any
word can then be found by counting the clock. Frame synchronizers usually have
three levels of synchronization status: search, verify or check, and lock. The
number of errors allowed in the pattern and the number of correct or incorrect
patterns is frequently a variable. Many synchronizers also allow the selection of a
"window" in which to look for the best match to the synchronization pattern. These
windows are typicaily ±J or ±2 bits around the expected synchronization location.
This allows for a clock slip of I and 2 bits respectively. Most decommutation and
word selection systems hold the last "good" value when frame synchronization is lost.
More data can be retrieved if errors are allowed in the pattern 3 and at least one
bad pattern is allowed in lock mode. The data will also contain more noise because
marginal data is more likely to be transferred to the output.

"The probability of correctly detecting synchronization 2 3 with a BER of p
(independent errors assumed), a pattern length of n bits, and allowing q errors is:

-q n!S~q

Psync = E pr (I p)n-r
Sr=O (n-r)! r!

23 Ijiil, E. R.. "Techniqu'.s for S 'i'nchromzizig PuIse-Code-Modulat'd Teh'rn',rpv".
Procceding.s of the 1963 National Tce'nictering Conference. paper 3-3.
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This is illustrated in figures 5.5-1 and 5.5-2 for synchronization pattern lengths of
16, 24, and 32 bits. The data in figure 5.5-1 shows that if we desire to have a
probability of 0.9 of detecting a 24-bit frame synchronization pattern Ahen the BIt Re
is 0.1, we need to allow 4 errors in the pattern. If the BER is reduced to 0.01 (see
figure 5.5-2), we will have a probability of greater than 0.97 of detecting the
pattern if we allow I error. This data is useful in determining the parameters for

'-S. the search, -erify, and lock phases.

The probability of randomly detecting false synchronization with random data, a
pattern length of n bits, and allowing q errors is:

q n!

Pfalse sync ý E
r=o (n-r)! r!

2n

"Figure 5.5-3 presents data on the probability of false detection of the
s.ynchronization pattern for pattern lengths of 16, 24, and 32 bits. This data is
useful for determining parameters in search mode. Assume we have a PCM minor
frame which is 4000 bits long and we would like the probability of detecting a false

* synchronization pattern in one minor framne time to be less than 0.2. Therefore, the
probability of false detection of the synchronization pattern in any location would
have to less than 0.2,/4000 or 0.00005. The data in figure 5.5-3 shows that we
could not allow any errors in search mode with a 16-bit pattern, we could allowA 2
errors with a 24-bit pattern, and we could allow 4 errors with a 32-bit pattern. It
the BER is 0.1, the probability of detecting the actual synchronization pattern with a
16-bit pattern and 0 errors allowed is only 0.19. Therefore, we are more likely to
detect a false pattern than the correct pattern. The acquisition time will be long
under these conditions. The probability of correctly detecting the 24-bit pattern
while allowing 2 errors is 0.56, while the probability of correctly detecting the
32-bit pattern while allowing 4 errors is 0.79. This illustrates the advantages of
long synchronization patterns when the data is noisy.

Some frame synchronizers also use an adaptive algorithm for frame synchronization.
One adaptive technique is discussed in reference 24.

FM discriminators were discussed in section 3.7. A general comment is that fixed

channel discriminators perform better than tunable discriminators because the filter
characteristics are usually better with fixed discriminators.
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5.6 RECEIVING/RECORDING SYSTEM PARAMETER SELECTION GUIDELINES

5.6.1 Introduction

There are several important parameters to select in a telemetry ground station.
These include:

I. Receiver IF bandwidth

2. Receiver oscillator type: XTAL, VFO, or AFC/APC

3. Receiver AGC time constant

4. Receiver video bandwidth and coupling (AC or DC)

5. PM or PSK demodulator loop bandwidth

6. Predetection or postdetection combining

7. Predetection carrier frequency

8. Predetection, postdetection direct, HDDR, or postdetection FM recording

9. Tape speed

10. Bit synchronizer loop bandwidth and bit detector type.

Many of these subjects are discussed in sections 3 and 5. Therefore, the discussions
"in this section will be brief.

5.6.2 Receiver IF Bandwidth

The best receiver IF bandwidth for an FM signal is the narrowest bandwidth that
will pass the information without significant distortion. This is usually the narrowest
IF bandwidth that is wider than two to three times the larger of maximum

A• frequency of interest or peak deviation plus the frequency uncertainty in the system.
The following IF bandwidths are listed in the Telemetry Standards (IRIG Standard

106-86): 100, 300, 500, and 750 kHz and 1.0, 1.5, 2.4, 3.3, 4.0, 6.0, 10.0 MHz.
All of these bandwidths may not be available at a particular receiving facility. The
best IF bandwidth for NRZ PCM/FM is I to 1.5 times the bit rate for peak
deviations of 0.35 times the bit rate. If the bit rate is low, a larger deviation may

%'/ be needed. If the peak deviation is 100 kHz and the bit rate is 10 kb/s, then a
300 kHz IF bandwidth would be a good choice. However, the system BER would

,v normally be lower if a phase modulated system with q0 degree peak deviation were
used in this case. The performance of various IF bandwidths with various
modulation methods is discussed in more detail in section 3.

The best receiver IF bandwidth for a PM ýignal is the widest bandwidth that rejects
all significant interfering signals. In practice, there is little to be gained by using
"an IF filter much wider than twice the premodulation bandwidth.

The IF filter should not be wider than twice the predetection carrier frequency.
The problem with using wider filters is that the noise folds across zero frequency
and back into the passband during the downconversion process.

5.6-1
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5.6.3 Receiver Oscillator Type

The XTAL mode is best for most applications. The VFO mode is useful if the
receiver operator needs to fine tune the receiver during an operation. The AFC

4, mode may be useful for tracking signals that have large carrier frequency variations.
However, AFC systems usually perform poorly at low SNRs and may cause problems
with predetection combiners. APC may be needed for proper operation of PM and
PSK demodulators.

5.6.4 Receiver AGC Time Constant

The best AGC time constant for data receivers is usually the fastest available time
constant (frequently 0.1 ms). Tracking receivers may need longer time constants.

5.6.5 Receiver Video Bandwidth and Coupling

The receiver video bandwidth must be wide enough to pass the maximum frequency
of interest. DC coupling should be used if the transmitted signal has a significant
DC component. DC is especially important for baseband PAM/FM.

5.6.7 PNI and PSK Demodulator Loop Bandwidth

The best loop bandwidth depends on the application. If rapid, spurious, phase

variations are expected, due to unstable transmitter or flame attenuation, a wide loop
bandwidth is needed to track the variations. A narrow loop bandwidth is best with
a noisy signal and a stable transmitter.

5.6.8 Predetection or Postdetection Combining

A predetection combiner will always perform as well as or better than a
*• postdetection combiner if the predetection combiner can maintain proper phase

alignment of the signals. AFC systems introduce excessive phase noise which tends
to cause problems in the combiner phase-locked loop, therefore, AFC and
predetection combining should not usually be used together. Postdetection combining
does not work well with PCM/FM signals. Postdetection combining should not be
used with PSK demodulator outputs unless a polarity alignment circuit is added to
the combiner. Diversity combining is discussed in more detail in subsection 5.3.

!* 5.6.9 Predetection Carrier Frequency

The predetection carrier frequency should be at least twice the maximum information
.Z.- frequency of interest. This means that a 900 kHz predetection carrier should not be

"used with NRZ PCM bit rates higher than 900 kb/s or biphase PCM bit rates
higher than 450 kb/s. The predetection carrier frequency should also be larger than
one-half of the IF bandwidth.

5.6- 2
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5.6.10 Recording Method

Predetection recording is recommended whenever possible because the signal has been
processed less than with other methods. However, predetection recording and FM
recording are the least efficient methods in terms of data bandwidth per inch per
second of tape speed. Serial HDDR has the most record margin for PCM signals.
Biphase (Manchester) signals are recommended for serial HDDR if the bit packing
density is less than 15 kb/in for wideband systems or 30 kb/in for double density
systems. Randomized NRZ-L is recommended for serial HDDR at packing densities
up to 25 kb/in for wideband systems (50 kb/in for double density systems) as long
as the reproduce bit rate is greater than 200 kb/s (400 kb/s for double density
systems). Hybrid systems can be recorded directly on the baseband if low frequency
response is not needed.

5.6.11 Tape Speed

The tape speed is determined by the maximum frequency to be recorded. Wideband
systems have a bandwidth of 1 MHz at 60 ips while double density systems have a
bandwidth of 1 MHz at 30 ips.

5.6.12 Bit Synchronizer Loop Bandwidth and Bit Detector Type

The best loop bandwidth depends on the application. Narrow bandwidths perform
better in noisy environments if the bit rate is stable while wide bandwidths perform
better with unstable bit rates. Recorder time base error and unstable transmitting
system clock are two sources of bit rate instability. A loop bandwidth of 0.3% is a
good choice for most applications. The best bit detector for a heavily filtered signal
is the filter and sample (F/S) detector. The best bit detector for a relatively
"unfiltered data stream is usually an integrate and dump (I/D) detector.

56
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5.7 DATA QUALITY MONITORING

The data quality can be monitored at various points in the telemetry ground station.
This subsection will discuss monitoring the data quality using calibrated AGCs,
spectrum analyzer displays of predetection and postdetection signals, and oscilloscope
displays of postdetection signals. Time division multiplex systems can also be
monitored using the synchronization status of a decommutator. The data quality of
individual demultiplexed signals can be monitored using strip chart recorders, etc.

The received data quality can be monitored by using a calibrated AGC voltage to
estimate received SNR along with monitoring the predetection signal on a spectrum
analyzer and the video output on an oscilloscope. The predetection and video
outputs are monitored to look for improper tuning and filtering.

Typical oscilloscope eye patterns are shown in figures 5.7-1 and 5.7-2 for IF SNRs
from 18 dB to 2 dB. These photos can be used to get a qualitative estimate of
SNR and data quality for PCM signals. The BER was less than 10-8 for the 14
and 18 dB IF SNRs. The BER was approximately 10-4 at a 10 dB IF SNR,
i.4x10-2 at a 6 dB IF SNR, and 1.2xi0- 1 at a 2 dB IF SNR.

Figures 5.7-3 through 5.7-7 show typical IF spectra for randomized NRZ-L
PCM/FM signals with an IF bandwidth of 1.5 times the bit rate and a peak
deviation of 0.35 times the bit rate. These figures show that we can estimate the IF
SNR by subtracting approximately 3 dB from the ratio of the signal in the center of
the band to the noise at the spectral minimum. The spectral minimum in thie case
is at ±65% of the bit rate from the receiver output center frequency. This estimate
is quite accurate for IF SNRs less than 15 dB as long as the deviation is

Sapproximately 0.35 times the bit rate. The correction factor (3 dB in this case) is a
function of the ratio of IF bandwidth to bit rate. This method does not work well
for IF bandwidths approximately equal to the bit rate. The spectrum of the video
signal can also be used to estimate SNR.

The tape recorder outputs should be monitored to verify that the tape recorder is
working properly. The recorder output also includes the entire receive/record path
and if the signal is good at the recorder output it must have been good at all points
upstream in the signal path. Therefore, the recorder output is the best single point
to monitor the data quality.
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AGC. receiver, 5.3-2, 5.6-2 Ducting, 3.9-6
Amplifier, low noise, 2.1-1, 5.2-1
Antenna, receiving, 3.9-6, 5.1-1 Equalization, 5.4-7

transmitting, 3.9-5 Eye pattern, 3.4-15, 5.7-1-3
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Atmospheric, 3.9-6 Filter
Flame, 3.9-6 Constant amplitude, 3.1-8, 3.3-12,
Path, 3.9-5 3.7-5

Azimuth, 5.4-3 Constant delay, 3.1-8, 3.3-12, 3.7-5
Flame attenuation, 3.9-6

Bandwidth, occupied RF Flutter, 3.7-24
NRZ PCM/FM, 3.1-21 FM/FM, 3.7-1-41
Biphase PCM/FM, 3.2-5 Frequency division multiplex, 1.2-3, 3.0-I,
NRZ PCM/PM, 3.3-12 3.7-1

-, Biphase PCM/PM, 3.4-10 Frequency modulation, 3.1-1, 3.3-1, 3.6-1,
NRZ PAM/FM, 3.6-20 3.7-1
FM/FM, 3.7-37

Bias recording, 5.4-7 Gap, magnetic recording, 5.4-7
Biphase PCM signals, 3.2-1, 3.4-1 Ground station, 5.0-I
Bit error rate G/T, antenna, 5.0-I

NRZ PCM/FM, 3.1-1
Biphase PCM/FM, 3.2-1 Head, magnetic recording, 5.4-3
NRZ PCM/PM, 3.3-1 High density digital recording, 5.5-23-30

. Biphase PCM/PM, 3.4-I Hybrid modulation, 5.8-1
PSK, 3.5-1
Link analysis, 3.9-8 Incidental FM, 3.1-3, 3.6-1
Testing, 5.0-2 Interference, FM/FM, 3.7-22
Estimating, 5.7- I

Bit synchronizer Magnetic tape recording, 5.4-1-30
NRZ PCM/FM, 3.1-14 Modulation index, 3.7-32-37
Biphase PCM, 3.2-5 Multicoupler, 5.2-4
NRZ PCM/PM, 3.3-12 Multipath, 3.9-6
Loop bandwidth, 5.6-3

Noise
Constant bandwidth, 3.7-I, 3.7-23, 3.7-24 Figure, 5.2-1
Crossplay, 5.4-3 Fluctuation, 3.1-4, 3.11-1-4
Crosstalk, 3.7-22 Pop, 3.1-4, 3.11-1-18

Temperature, 5.0- 1, 5.2-1
Data multiplexing, 3.0-1, 4.1-1 Noise power ratio, 3.7-42-50, 5.0-2
Derandomizer, 5.4-28 Non-return-to-zero
Deviation PAM, 3.6-1-19

Peak, 3.1-3, 3.2-1, 3.3-1, 3.4-3, 3.6-1, PCM, 3.1-1-30, 3.3-1-15
•0 3.7-19 Normal record level, 3.7-24, 5.4-7, 5.4-16

Ratio, 3.7-I, 3.7-5
V.. Residual, 3.1-3, 3.6-I Packing density, 5.4-23

Direct recording, 5.4-2 Polarization diversity, 3.9-5-7, 5.3-5-9
Discriminator, FM 3.7-1 -24, 5.5-2 Preemphasis, 3.7-24
Diversity combiner, 3.9-5, 5.3-5-9 Premodulation filtering
Diversity reception, 3.9-5 NRZ PCM/FM, 3.1-8, 3.1-21
Downconverter, 5.2-4 Biphase PCM//FM 3.2-5
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*, Premodulation filtering
NRZ PCM/PM, 3.3-7, 3.3-12
Biphase PCM!PM, 3.4-3, 3.4-10
PSK, 3.5-I
PAM, 3.6-4, 3.6-18-225

Propagation loss, 3.9-5
Proportional bandwidth, 3.7-1, 3.7-19-24
Phase shift keying, 3.5-1
Pulse amplitude modulation, 3.6-1-25
Pulse code modulation

NRZ PCM/FM, 3.0-2, 3.1-1-30
Biphase PCM/FM, 3.0-3, 3.2- 1- 11
NRZ PCM/PM, 3.0-4, 3.3-1-15
Biphase PCM/PM, 3.0-5, 3.4-1-20

Randomized NRZ, 5.4-23-30
Receiver, telemetry, 5.3-1-5, 5.6-1
Receiver IF filter selection, 5.3-2, 5.6-1

NRZ PCM/FM, 3.1-11
i Biphase PCM/FM, 3.2-5

NRZ PCM/PM, 3.3-8
-,. Biphase PCM/PM, 3.4-10

NRZ PAM/FM, 3.6-18
FM/FM, 3.7-22

Receiver video filter selection, 5.3-2,
5.6-2

NRZ PCM/FM, 3.1-14
Biphase PCM/FM, 3.2-5
NRZ PCM/PM, 3.3-8
NRZ PAM/FM, 3.6-18

Relay Systems, 3.10-1-5

Serial high density digital recording,
5.4-23-28

Signal conditioning, 1.2-3, 4.1-1
Signal-to-noise ratio, 3.1-1, 3.6-4, 3.7-1,

3.9-8, 3.10-2-4, 5.4-16, 5.7-1
SNR margin, 3.9-8

Tape recording, 5.4-1-30
Threshold, FM, 3.7-5
Time division multiplex, 1.2-3, 3.0-I, 4.1-I
Transducer, 1.2-1, 4.1-1
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